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Description 

The present invention relates to a device and a method for 
transmitting and to a device and a method for receiving and in 
particular to a multi-channel concept wherein different coding 
methods are employed. 

The high-rate data transmission in existing telephone networks 
between the exchange and the terminal is becoming increasingly 
important with the introduction of new Internet services. For 
economic reasons only the existing copper cables are available 
initially for this purpose. However, these were originally 
dimensioned exclusively for the transmission of low-frequency 
speech signals and they are characterized by markedly low-pass 
behaviour. Using appropriate line codes, it is possible to 
transmit 144 kbits/s over distances of up to about 5 km (ISDN 
basic access) and, depending on the quality of the cable and 
the prevailing interference environment, 2 Mbits/s over 
distances of 2 - 3 km (ISDN primary group access) . These 
methods employ low-stage, usually ternary or quaternary, 
coding methods . 

Due to the rapid increase in the line attenuation with 
frequency and the rapid increase in the interference between 
the individual neighbouring line pairs of a cable these cited 
methods with their line codes are not, however, suitable for 
the transmission of still higher bit rates. 

For the transmission of higher data rates the many-carrier or 
multi-carrier methods with spectral matching to the 
transmission channel, the theory of which has long been known, 
have been developed recently for practical application. 
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Through their virtual division of the transmission channel 
into a plurality of individual partial channels, these methods 
permit better utilization of the transmission channel. 

In the following a description of traditional OFDM (Orthogonal 
Frequency Division Multiplexing) and DMT (Discrete Multi Tone) 
methods will first be given in which it is shown that a 
particular piece of information is transmitted over precisely 
one carrier frequency, i.e. one partial channel. 

The bit error probability of a digital transmission system is 
mainly determined by the chosen modulation method on the one 
hand and on the other by the interference superimposed on the 
received signal at the receiver. The choice of the modulation 
method here determines the bits which can be transmitted with 
each modulation symbol. Due to the lower line attenuation and 
the lower crosstalk between adjacent wire pairs, the partial 
channels in the lower frequency range exhibit a considerably 
higher signal-to-noise ratio (S/N ratio; S/N = carrier/noise) 
at the receiver than do partial channels in the higher 
frequency ranges. As a result it is possible to transmit more 
information per modulation symbol in low-frequency partial 
channels by employing higher-stage modulation methods . This 
leads to a higher overall transmission rate. In xDSL 
transmission methods (DSL = Digital Subscriber Line) only 2 X 
QAM modulation methods (QAM = Quadrature Amplitude Modulation) 
are employed. In these modulation methods a certain number of 
bits are imposed on a cos carrier and a sin carrier with one 
frequency by amplitude modulation. The number x of the pieces 
of information in bits which are imposed on a carrier 
oscillation when modulating by means of a 2x-stage modulation 
method is called the bit loading factor or bit loading. 

In xDSL methods it is ensured, by appropriate choice of the 
transmission duration and of the frequency separation of the 
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individual carrier oscillations, that sufficient orthogonality 
exists between all the carrier oscillations, at least in the 
case of a distortion-free transmission. It is thus possible to 
regard the individual carrier oscillations as independent 
partial channels within the whole transmission channel. The 
individual sin and cos carrier oscillations are generated not 
by separate modulation of N separately generated carrier 
oscillations but collectively by inverse discrete Fourier 
transform (IDFT) of a vector t with N complex-value 
components . 

Fig. 7 of the present invention shows a traditional OFDM 
transmission path or a traditional DMT transmission path. The 
transmission path has a source 700 which emits a sequence of 
information symbols. By means of a unit 702 for grouping, M 
information symbols supplied by the source 700 are 
respectively grouped together and mapped onto the N components 
of a vector t. In general M is not equal to N and during 
mapping the choice of modulation method is taken into account 
by means of a suitable coding, i.e. suitable weighting and 
allocation to the individual components of the vector t. A 
particular information symbol is here allocated to just one 
component of the vector t. The unit 702 for grouping is 
followed by a unit 704 for imposing the information symbols or 
the components of- the vector t on the corresponding carrier 
frequencies of the transmission channel. Each component of the 
vector t is here imposed on just one carrier oscillation by 
means of an inverse Fourier transform (IDFT) . A modulated 
signal v is obtained, which is transmitted over a distorting 
transmission channel 706 at the end of which a distorted 
signal w emerges, the carriers or components of which are 
differently distorted by the channel depending on their 
carrier frequency. 



The signal w is demodulated by a unit 708 for ' extracting, i.e. 
a unit for performing a discrete Fourier transform (DFT), so 
as to extract the information symbols or the individual 
carrier oscillations with the imposed information symbols. 
Then, in a unit 710 for equalizing or in a channel equalizer, 
the frequency-dependent distortion of the signal caused by the 
transmission channel is compensated to the extent that is 
necessary and/or possible so as to obtain an equalized signal 
z which is converted back into a sequence of information 
symbols by a unit 712 for revoking the grouping and is passed 
on to a sink 714 or receiver (the addressee of the message) . 

The valid standard for the transmission method ADSL (ADSL = 
Advanced Digital Subscriber Line) provides e.g. for the 
splitting of the frequency range 26 kHz to 1104 kHz into a 
total of 248 partial channels with a bandwidth of 4.35 kHz 
each. For the transmission in the low-frequency partial 
channels, the standard then provides for the use of a 2 15 QAM 
modulation method with an information rate or a bit loading of 
15 bits/modulation symbol, in contrast to the uppermost 
partial channels where simply a 4 QAM modulation method with 
an information rate of 2 bits/modulation symbol is employed. 
The number of stages of the modulation method employed in the 
various partial channels decreases in line with the decrease 
in the S/N ratio with frequency. Overall the result is a gross 
transmission rate of about 8 Mbits/s within a frequency range 
of 26 kHz to 1104 kHz, which corresponds to a bandwidth 
efficiency of about 7.6 bits/Hz. If one adopts the cable 
configurations cited in the standard, the resulting distance 
which can be bridged is about 6 km, depending on the line 
attenuation and the transmitted data rate. 

Fig. 8 shows the S/N ratio of the channel, which defines the 
upper frequency limit of the partial channels, as a function 
of the frequency, and the usable carrier occupancy for the 
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traditional OFDM or DMT method. The steadily falling curve in 
Fig. 8 shows the variation with frequency of the S/N ratio 
resulting from the cable attenuation. An interference noise 
with constant spectral interference power density N 0 is assumed 
here. The step-shaped decreasing curve shows the usable S/N 
ratio for a 2 X modulation method. The abrupt decline of the 
step curve results from the fact that even for the low-stage 
modulation method 4 QAM (or 2 QAM) which is employed a certain 
minimum S/N ratio is necessary to ensure a particular bit 
error rate. This value results in part from the desired 
reliability of the transmission and implementation effort for 
the FEC (FEC = Forward Error Correction) . This minimum S/N 
ratio for the low-stage modulation method is termed the 
implementation margin in this description. In Fig. 8 a value 
of 14 dB has been adopted as an example. 

A disadvantage of the method described above is that, despite 
the spectral efficiency of about 7.6 bits/Hz, the method for 
the digital signal processing requires a digital-analog and 
analog-digital conversion with an accuracy of considerably 
more than 2x7 bits, i.e. a signal space quantization in 
excess of 2 15 , which corresponds to double the actual 
bandwidth efficiency of the transmission method. This 
precision is necessary to ensure that the whole of the 
information transmitted in the lower partial channels can be 
encoded and decoded without error. 

A further disadvantage of the method described above is that 
the digital-analog and analog-digital conversion must take 
place at a frequency which is at least twice that of the upper 
partial channel. There are therefore serious implementation 
disadvantages . 

A further disadvantage of the method described above is that 
the whole of the signal processing up to the discriminator, 
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e.g. the requisite Fourier transform, must be performed with a 
numerical precision which is such as to guarantee that any 
rounding errors which occur do not hinder the error-free 
recording of the information in low-frequency partial 
channels . 

A further disadvantage of the method described above is that 
the modulation methods used for the individual partial 
channels can only be adjusted in steps of powers of 2. 
Consequently a change from a 2 x -stage modulation method to a 
2 x+1 -stage modulation method can only be made when the S/N 
ratio in the respective partial channel has increased by a 
factor of 2. A smaller increase in the S/N ratio cannot be 
exploited. 

In the specialist publication "Channel Coding and Modulation 
for Transmission over Multipath Channels", Jiirgen Lindner, 
AEU, Vol. 49, No. 3, 1995, pp. 110-119, various methods for 
channel coding and modulation for transmission over multipath 
channels are described. The work is based on a coded 
modulation together with a linear block modulation with 
orthogonal functions. This incorporates normal multi-carrier 
methods according to the OFDM technique and also the 
generalization thereof, which is called the OCDM method, the 
"C" standing for "coding". In the OCDM method the 
"transmission load" is transmitted over all the OFDM partial 
channels in that the vector which includes all the symbols for 
parallel transmission over all the channels is multiplied by a 
unitary matrix. Each OFDM partial channel thus carries a part 
of each component of the vector, i.e. of each symbol. A 
corresponding algorithm on the receive side consists of a 
matrix multiplication with a matrix which is the complex 
transposed conjugate of the matrix in the transmitter. Since 
all the symbols which are transmitted in parallel over a 
transmission channel are combined with each other, the total 
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noise power of the channel will be uniformly distributed over 
all the partial channels after an inverse combination in the 
receiver. 

A disadvantage of this method is that it is not applicable to 
modulation methods described in Fig. 7 and Fig. 8. Because of 
the different signal-to-noise ratios, different partial 
channels require different coding methods to ensure that a 
symbol transmitted over such a channel can be decoded in the 
receiver with sufficient reliability. A unif ormization over 
the whole transmission channel would thus mean that only the 
carriers with higher carrier frequencies, for which coding 
methods which assign relatively little information have been 
adopted, can be decoded again correctly whereas lower 
frequency carriers, for which higher-stage coding methods have 
been adopted, can no longer be decoded correctly because of a 
violation of the threshold signal-to-noise ratio, i.e. of the 
signal-to-noise ratio which is minimally needed to achieve a 
correct decoding of this partial channel with a predetermined 
reliability, thus resulting in a serious loss of information. 

A further problem, with the known method of combining all the 
carriers with each other is that, if a transmission channel 
has one or more frequency ranges in which there is a very high 
attenuation and/or a very high interference power, there may 
be a complete loss of information in the whole transmission 
channel if the result of the reverse combination in the 
receiver is an averaged signal-to-noise ratio which falls 
below a certain value. In other words, just a very few very 
bad partial channels may cause the bit error rate to fall 
below a specified minimum value when decoding all the partial 
channels. The only remedy for this is either to increase the 
transmitted power in all the partial channels or to employ a 
coding method which assigns less information to an information 



symbol in such a way that the threshold signal-to-noise ratio 
suffices for a decoding with a specified minimum reliability. 

These two possibilities are not desirable, however, since an 
increase in the transmitted power may not be feasible, e.g. 
when a maximum spectral power density of the transmitted 
signal or a maximum overall power of the transmitted signal 
has been specified, or when the application requires a certain 
minimum transmission rate, which can no longer be achieved 
using low-stage modulation methods. 

It is the object of the present invention to provide a device 
and a method for transmitting a sequence of information 
symbols and a device and a method for receiving a transmitted 
signal which exploit efficiently the available capacity of the 
transmission signal while being simple to implement. 

This object is achieved by a device for transmitting according 
to claim 1, by a device for receiving according to claim 16, 
by a method for transmitting according to claim 21 and by a 
method for receiving according to claim 22. 

The present invention is based on the finding that, through 
unif ormization of the noise power density or interference 
power density or through unif ormization of the signal-to-noise 
ratio in the respective sets of the partial channels of a 
disturbed transmission channel or by distributing the 
information for transmission over sets of partial channels of 
an overall transmission channel, a better exploitation of the 
available capacity of the transmission channel can be 
achieved, so that it is possible to increase the reliability 
of the transmitted information. 

The concept according to the present invention is 
characterized by the fact that the transmission channel is 
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already taken account of when transmitting in that at least 
two different coding methods are employed which differ as to 
the amount of information they assign to an information symbol 
and that the coding methods are taken into account when the 
coded information symbols from the respective partial sets are 
combined. As a consequence, only partial channels within a set 
of partial channels are combined with one another, i.e. only 
partial channels which have been encoded with the same coding 
method are combined with each other. The unif ormization of the 
signal-to-noise ratio does not therefore take place over the 
whole transmission channel but is tailored to the channel or 
to the different coding methods. As a result of the 
unif ormization in the two partial sets, i.e. the combination 
of the coded information symbols in the individual sets of 
partial channels, each set of partial channels has at least 
one partial channel whose signal-to-noise ratio, without the 
combination step, would be smaller than a threshold signal-to- 
noise ratio that is minimally necessary for the coding method 
used for the set to which this partial channel belongs to 
obtain a predetermined reliability when decoding the 
information symbols, and whose signal-to-noise ratio, thanks 
to the combination step, is greater or equal to this threshold 
signal-to-noise ratio. 

A threshold signal-to-noise ratio will normally be defined 
such that a decoder in the receiver can decode the coded 
information symbols with a bit error rate that is below a 
maximum permissible bit error rate. Naturally this value is 
variable, depending on the application, according to the 
quality of the reception required in the receiver. 

It should be noted that to employ the method according to the 
present invention in its most general form, it is not 
necessary to have exact knowledge of the transmission channel, 
only a rough idea of the transmission channel is needed which 
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permits a rough evaluation of the threshold signal-to-noise 
ratio for each partial channel. However, the more accurately 
the transmission channel is known, or is measured dynamically, 
the more precisely the different modulation methods and the 
different sets of partial channels can be adapted to the 
transmission channel, resulting in a correspondingly higher 
exploitable transmission rate. In the case of precise 
knowledge of the transmission channel, the method according to 
the present invention can thus provide a much higher 
transmissible information rate than can the prior art. Even 
when the channel is only very roughly estimated, the present 
invention can, thanks to the use of at least two coding 
methods in association with the use of at least two 
combination specifications, still provide a channel-adapted 
transmission. The data rate of the transmit/receive concept 
according to the present invention is increased due to the 
fact that each set of partial channels contains at least one 
partial channel whose signal-to-noise ratio, because of 
combining, is greater than or equal to a threshold signal-to- 
noise ratio, which means that, for this partial channel at 
least, a higher-stage coding method can be applied, i.e. more 
information can be allocated to it, than is so in the prior 
art, which is represented in Fig. 8. Furthermore, the method 
according to the present invention permits an increase in the 
exploitable overall bandwidth of the transmission channel 
since the at least one partial channel of the second set of 
partial channels can no longer be used in the known method as, 
without the combining in the second partial set, the signal- 
to-noise ratio for this partial channel was already lower than 
the threshold signal-to-noise ratio. 

The method according to the present invention offers 
considerable flexibility as to how closely the reliability 
limit is approached when uniformizing the signal-to-noise 
ratio in a set of partial channels. In other words, the 
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signal-to-noise ratio of the partial channels in a set of 
partial channels decreases progressively with an increase in 
the number of partial channels which are involved in the 
combining process and which without combination would have a 
transmission quality which would not meet the demands of the 
coding method for this set of partial channels. A good 
compromise between transmission rate and reliability can thus 
always be achieved. 

If the signal-to-noise ratio of the partial channels in a set 
of partial channels is chosen to be very near the threshold 
signal-to-noise ratio, the number of partial channels in which 
a higher value coding method can be used is high, as a result 
of which a correspondingly higher data rate can be achieved, 
provided the channel is known with sufficient precision. If, 
on the other hand, the number of partial channels which, 
compared to the known method, can also be coded with the 
higher stage coding method is chosen to be small, the signal- 
to-noise ratio of. the partial channels in the set of partial 
channels lies well above the minimally necessary threshold 
signal-to-noise ratio. In this case the transmission channel 
does not have to be known so precisely, since deviations in 
the transmission behaviour do not directly lead to the signal- 
to-noise ratio falling below the necessary minimum signal-to- 
noise ratio and thus to a loss of the information transmitted 
in this set of partial channels. Even if, in the case of a 
channel which is poorly known, a "transmission hole" occurs, 
the worst that can happen is simply a total loss of the set of 
partial channels in which the transmission hole lies. The 
partial channels of the at least one other set are not 
affected, however, since combination did not take place over 
the whole transmission channel but simply within the sets of 
partial channels. It is clear that this compromise depends 
very much on the application. 
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In the method according to the present invention what can be 
very simply adapted to the given application is the number of 
different coding methods and modulation methods employed and 
the resulting number of sets of partial channels which are 
used. If the sole optimization criterion of an application is 
the maximization of the transmissible information rate, i.e. 
if the available channel capacity is to be exploited optimally 
without considering any further boundary conditions, the 
obvious thing to do is to use a larger number of sets of 
partial channels, thereby achieving optimal spectral matching 
to the transmission channel. In this case the allocation of 
the individual channels to the various sets of partial 
channels is performed in such a way that, while employing sets 
of partial channels with possibly very different bit loading 
factors, i.e. coding methods, which may differ markedly as to 
signal space quantization, depending on the application, the 
allocation achieves optimal matching to the transmission 
channel and a maximum transmissible information rate. However, 
this sometimes has the disadvantage that very precise A/D 
converters or arithmetic units are needed. If the optimization 
criterion of the application is specified to be the simple 
implementation of the signal processing units in the 
transmitter and receiver, however, the method according to the 
present invention offers the possibility of transmission 
channel matching by using a minimum of 2 sets of partial 
channels with different coding methods, e.g. with a first set 
of partial channels in which a 2 2 QAM method is used as the 
coding method and' a second set of partial channels in which a 
2 3 QAM method is used. The method according to the present 
invention, through unif ormization, makes it possible to extend 
the usable transmission frequency range compared with that in 
the prior art and thus to increase the transmissible 
information rate compared with methods according to the prior 
art. 
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The present invention also provides a high degree of 
flexibility as regards the occupancy of the sets of partial 
channels. For a transmission with maximum data rate, the 
number of sets of partial channels will correspond to the 
number of maximum possible coding methods. If the requirement 
is for simple implementability, e.g. the use of A/D and D/A 
converters with a coarse amplitude quantization, simple 
implementation of the numerical signal processing or the 
permissibility of larger linear or non-linear signal 
distortions, the number of sets of partial channels will be 
minimal and only coding methods with coarse quantization of 
the signal space will be used. In the extreme case, the number 
of sets of partial channels will be the same as the required 
minimum number of 2 and two different coding methods, in the 
extreme case a 2 2 QAM and a 2 3 QAM method, will be used for 
coding purposes, it being possible to specify the upper 
frequency limit of the first set of partial channels or the 
lower frequency limit of the second set of partial channels 
according to the requirement. If the aim is to achieve the 
highest possible data rate, the upper frequency limit of the 
first set of partial channels is chosen to be as high as 
possible such that all the partial channels of the first set 
of partial channels have only a small implementation margin in 
terms of the threshold signal-to-noise ratio determined by the 
coding method. The accuracy with which this can be performed 
is determined by the accuracy with which the transmission 
behaviour of the overall channel is known. 

If it is known that a transmission channel has partial 
channels with poor or very poor transmission behaviour, the 
obvious thing to do is to exclude these partial channels from 
the allocation to the sets of partial channels and thus from 
the transmission. A different bunching of the sets of partial 
channels, depending on their exact transmission behaviour, 
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combined with an extension of the exploitable frequency range 
of the transmission channel, thus becomes possible. 

The method according to the present invention thus also 
provides flexibility in that it is not necessary to combine 
the information symbols of all the carriers, as in the prior 
art, but that partial channels or carriers between two sets of 
partial channels can be left "untreated" or are not supplied 
with information of any kind. This concept can also be 
extended in that a number of bands are not combined in a 
transmission channel. 

Finally, the transmit/receive concept according to the present 
invention is applicable not just to multi-carrier methods, 
such as the OFDM method, but also to other coding methods and 
modulation methods and also other transmission channels having 
partial channels with different transmission behaviour, i.e. 
different transmission quality, e.g. to classical coding 
methods with different-stage pulse amplitude modulation 
methods and to transmission channels with time-dependent 
transmission behaviour, i.e. channels where the transmission 
quality of the individual partial channels varies with time. 
Examples are the radio channel and the various propagation 
modes on a 4-wire- line. 

An advantage of the present invention is that it makes 
possible a better utilization of the capacity of the 
transmission channel or of the partial channels of the 
transmission channel and thus a higher transmission rate, in 
particular when the permissible spectral power density of the 
transmitted signal or the total power of the transmitted 
signal is limited. 

A further advantage of the present invention is that the part 
of the transmission rate gained by the present invention can 
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be used fully or partially as additional redundancy so as to 
increase the reliability of the transmission. 

A further advantage of the present invention is that the 
increase in the available transmission rate in the whole 
transmission channel, or in partial channels of the 
transmission channel, for a given transmission rate can be 
used to reduce the maximum necessary bit loading factor, so 
that the implementation outlay and the costs e.g. of the A/D 
and D/A conversion as well as the outlay needed for the 
numerical signal processing can be reduced. 

A further advantage of the present invention is that 
suboptimal systems with very low bit loading factors and large 
bandwidth efficiency can be realized for the transmission of 
information over linearly distorting disturbed channels. 

A further advantage of the present invention is that signals 
with lower bit loading factors can be used, which makes it 
possible to employ a coarser-stage amplitude quantization and, 
consequently, to tolerate greater linear or non-linear signal 
distortions. 

Preferred embodiments of the present invention are described 
in detail below making reference to the enclosed drawings, in 
which 

Fig. 1 shows a schematic block diagram of the 

transmit/receive concept according to the present 
invention using the example of a multi-carrier 
modulation by means of the OFDM method; 

Fig. 2 shows a graphic representation of the bandwidth gain 
from the transmit concept according to the present 
invention; 
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Fig. 3 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to an 
embodiment of the present invention; 

Fig. 4 shows a comparison of the carrier occupancy according 
to the present invention, shown in Fig. 4, and the 
carrier occupancy in the traditional DMT method, 
sketched in Fig. 8; 

shows the minimum signal-to-noise ratio of the 
transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to another 
embodiment of the present invention in which small bit 
loading factors are desired; 

shows how the achievable data rate varies with maximum 
bit loading factor for the traditional carrier 
occupancy sketched in Fig. 8, for the carrier occupancy 
according. to the first embodiment of the present 
invention sketched in Fig. 3, and for the carrier 
occupancy according to the second embodiment of the 
present invention sketched in Fig. 5; 

Fig. 7 shows a traditional OFDM transmission path; and 

Fig. 8 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 



Fig. 5 



Fig. 6 
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and the usable carrier occupancy according to the known 
OFDM concept of Fig. 7. 

Fig. 1 shows an overall view of the transmit/receive concept 
according to the present invention. On the left hand side of 
Fig. 1 there is a device for transmitting information from a 
source 100, which has a unit 102 for grouping the information 
and converting it into signal values, most generally for 
serial/parallel conversion, which correspond to the 
subsequently used coding methods, and a first coding unit 
103a, a second coding unit 103b, a first combination unit 
104a, a second combination unit 104b and also a unit for 
allocating the combined coded information symbols to the 
partial channels, which in the case of an OFDM method might be 
a unit for performing an inverse discrete Fourier transform, 
which is designated in Fig. 1 by the reference numeral 106. 

As will be explained later, the first and the second coding 
methods, and when there are more than two coding methods the 
further coding methods, allocate to the respectively generated 
coded information symbols certain, coding method related, 
amounts of information. In the exemplary case, where the 
information is in the form of bits, the amounts of information 
differ in the number of bits. The unit 102 for grouping will 
then distribute the information bits among the partial 
channels in such a way that, for each partial channel, the 
number of information bits required for the coding method 
employed, are grouped together. If partial channels are 
subjected e.g. to a 2 2 QAM coding method, the grouping unit 
will supply each of these partial channels with 2 information 
bits. If, on the other hand, partial channels are subjected 
e.g. to a 2 5 QAM coding method, the grouping unit will supply 
each of these partial channels with 5 information bits. The 
coded information symbol, which is generated by the encoder, 
thus has an amount of 2 information bits allocated to it in 
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the first case and an amount of 5 information bits in the 
second case. The grouping unit therefore performs the function 
of allocating to each of the used partial channels the amount 
of information which the coding method employed for the 
respective partial channel requires it to have. 

The output signal of unit 106 is transmitted over the channel 
108 to the input of the receiver. This channel can take 
different forms, e.g. it might be a cable channel in the form 
of a telephone line or power supply line, or it might be a 
radio channel. In these cases it would be necessary to 
supplement Fig. 1 with units for matching the transmitted 
signal and the received signal to such a channel. Transmission 
over the channel causes the signal to be attenuated and 
distorted. In addition, various types of interference are 
additively imposed on the signal. The output signal of the 
channel, denoted by w, forms the input signal of the unit 110 
of the receiver. 

The receiver includes a unit 110 for extracting the received 
symbols and allocating them to the individual partial 
channels. In the OFDM case shown here this is a unit which 
performs a discrete Fourier transform. It is followed by a 
channel equalizer to bring all the partial channels, 
irrespective of the individual signal attenuations occurring 
during transmission, to the same level. The channel equalizer 
112 is followed by a first unit for performing an inverse 
combination 114a and a second unit for performing an inverse 
combination 114b, the outputs of which in turn are connected 
to a first decoder 115a and a second decoder 115b, which, on 
the output side, supply decoded information symbols which are 
converted, by a unit 116 for parallel/serial conversion of the 
decoded information symbols, into a serial data stream which 
can then be fed to an information sink 118. 
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If the transmission is secured by methods for forward error 
correction (FEC: Forward Error Correction) or by methods for 
automatically repeating the transmission (ARQ: Automatic 
Request) or a combination of such methods, the obvious places 
to locate the required units are between the units 102 and 
103a and 103b on the transmit side and between the units 115a 
and 115b and 116 on the receive side. 

By definition the partial channels which are encoded by the 
first encoder 103a are referred to as the first set of partial 
channels. In the very schematic example shown in Fig. 1, in 
which there are only seven partial channels, the first four 
partial channels seen from the top form the first set of 
partial channels with the numbers 1 to 4 . The last three 
partial channels form the second set of partial channels, i.e. 
the partial channels with the numbers 5, 6 and 7. 

The two encoders 103a and 103b differ in that the amount of 
information which they respectively assign to a coded 
information symbol differs. Whatever modulation method is used 
in a set of partial channels, this assignment is made as 
follows: a certain number of information symbols of unit 102 
are combined and the corresponding partial channel from the 
set of partial channels has a corresponding (dependent on the 
quantization of the signal space by the modulation method) 
generally complex-value signal value assigned to it at the 
corresponding output. The number of outputs of the encoder 
103a corresponds to the number of partial channels in the 
first set of partial channels and normally differs from the 
number of assigned inputs, the difference depending, for each 
set of partial channels, i.e. for each encoder, on the 
particular modulation method chosen for the partial channel. 
In the case of the QAM modulation method used for a 
transmission according to the ADSL standard, the two encoders 
103a and 103b differ in that QAM methods with different 
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quantization of the signal space are used, something which is 
described in terms of different bit loading factors in the 
description of the ADSL standard. For example, if a 2 X QAM 
modulation method is used in the first set of partial 
channels, the encoder 103a might always consider x information 
symbols together and, dependent on these, generate one of 2 X 
possible signal levels for the output signal of the associated 
partial channel, while the encoder 103b would then always 
combine (x-y) information symbols for the second set of 
partial channels and, depending on these, generate another of 
2 (X_Y) possible signal levels at the output of the associated 
partial channel. 

The two combiners 104a, 104b effect a combination of the 
partial channels in the respective set of partial channels. 
Mathematically this combination can be described for each of 
the combiners 104a and 104b as the matrix multiplication of a 
vector t of respective input signals with a matrix P, 
resulting in a respective vector of output signals for the 
corresponding set of partial channels. The matrices of the 
various combiners can differ individually or be the same. The 
exact choice of combination specifications or the respective 
matrices P of the' combiners 104a and 104b must be undertaken 
in conformity with the inverse combination specifications of 
the receiver units 114a and 114b, and, as will be shown, 
orthogonal and normalized, i.e. orthonormalized or complex 
unitary matrices, offer advantages. Through this combination 
every item of information of each output signal of the encoder 
103a or 103b is impressed on each output signal of the 
respective combiner 104a or 104b, i.e. each item of 
information of each partial channel of the respective set of 
partial channels is impressed on each partial channel of the 
respective set of partial channels. Here the power 
distribution of each coded symbol of each partial channel 
should normally be uniform among the individual partial 
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channels of the sets of partial channels. Even if only one 
combination specification is always referred to in the 
following, what is said applies to both combination 
specifications or, in the general case, to each of the n 
combination specifications involved. 

The transmit/receive concept shown in Fig. 1 is also referred 
to hereinafter as the COFDM transmission path (COFDM = Coded 
Orthogonal Frequency Division Multiplexing) . This is suitable 
for a DSL channel but can also be employed for other channels 
with partial channels which differ as to their transmission 
characteristics . 

The sequence of information symbols is grouped, in a unit 102 
for grouping the sequence of information symbols, into a group 
of information symbols per partial set and is then encoded per 
partial set to obtain a vector t of coded information symbols 
for each partial set. The number of elements or coded 
information symbols of this vector t corresponds to the number 
of partial channels of the respective set of partial channels, 
in the case of a COFDM method the number of transmission 
channel carriers or carrier frequencies used in this partial 
set . 

The vector t is then processed per partial set in a unit 104a 
or 104b for combining the coded information symbols of the 
vector t according to a combination specification. These units 
104a, 104b for combining may e.g. map the vector t onto some 
other vector u via a respective matrix P. In this mapping the 
individual elements or coded information symbols of the vector 
t are combined together to create a number of combined 
information symbols or elements of the vector u equal to the 
number of carriers or partial channels in this set of carriers 
or partial channels. The combination specification distributes 
the information of the individual coded information symbols 
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among the combined coded information symbols. This 
distribution might be effected e.g. by mapping the vector t 
onto the vector u via an orthogonal and normalized, or 
orthonormal, matrix P. 

It should be noted that the present invention does not require 
the combination matrices for the sets of partial channels or 
carriers to be exactly orthonormal; all that is necessary is a 
sufficient degree of orthonormality, although it is likely 
that the best results when undoing the combination in a set of 
partial channels will be achieved for highly orthonormal 
matrices . 

The matrix P here may e.g. be a Hadamard matrix or a PN matrix 
(PN = Pseudo-Noise = a matrix derived from a random sequence) 
or some other sufficiently orthonormal matrix which is inverse 
to the matrix Q of the associated unit (114a, 114b) . 

The vector of the' combined coded information symbols u is then 
submitted to a unit 106 for impressing the combined coded 
information symbols, i.e. the elements of the vector u, onto 
the corresponding partial channels or carriers of the sets of 
partial channels or carriers to create a modulated signal 
which represents the sequence of information symbols. This 
signal is denoted by a vector v. In the case of COFDM methods 
e.g. the unit 106 for impressing the information symbols 
performs an inverse discrete Fourier transform (IDFT) . 

The modulated signal v is then transmitted over a transmission 
channel 108 with a frequency response a(f), e.g. a DSL channel 
or some other wired channel such as a telephone line or a 
power supply line or some other channel with a frequency 
dependent transfer function and/or frequency dependent channel 
interference noise, such as a radio channel. The present 
invention is not, however, restricted to channels whose 
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individual partial channels have different carrier 
frequencies. The present invention is suitable for all 
transmission channels which have partial channels with 
different transmission characteristics. 

At the end of the channel a signal, possibly distorted by the 
channel, is received, on which various types of interference 
have been additively superimposed. A vector w representing the 
signal is fed into a unit 110 for extracting the combined 
coded information symbols from the modulated signal or the 
vector w using the plurality of orthogonal or at least 
sufficiently orthogonal carriers. The unit 110 for extracting 
now performs the inverse operation of unit 106 for impressing, 
i.e. for the COFDM method e.g. a discrete Fourier transform 
(DFT) or some other transform which is sufficiently inverse to 
the operation performed by unit 10 6. The result of the 
extraction is a vector x whose elements are the combined coded 
information symbols assigned to the individual partial 
channels or, in the case of COFDM, to the individual carriers. 

The unit for extracting knows, e.g. through specification when 
designing the transmission system or through auxiliary 
information in the received channel or in a separate auxiliary 
channel, how the transmission channel was subdivided into the 
sets of partial channels in the transmitter. On the output 
side it supplies the input signals for the at least two 
inverse combiners (114a, 114b), which in turn feed the at 
least two decoders (115a, 115b), as is shown in Fig. 1. 

If the channel is not disturbed or distorted, the vector x is 
the same as the vector u. The elements of the vector x, i.e. 
the individual partial channels, in the case of COFDM e.g. 
according to the respective assignment to a carrier of the 
transmission channel, are, however, disturbed differently by a 
frequency dependent attenuation of the channel and by 
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additively superimposed types of interference and furthermore 
a disturbance due to white interference noise is superimposed 
on the individual components of the vector. Through the 
preceding combination of the information symbols in unit 104 
for combining, the information symbols of the group of 
information symbols or of the vector t are e.g. distributed 
uniformly or nearly uniformly over all the combined 
information symbols, e.g. the elements of the vector u. 
Although the combined coded information symbols are disturbed 
and distorted differently by the channel, depending on the 
carrier, the original coded information symbols of the group 
of information symbols can be equalized by the channel 
equalization in block 112 in such a way that the output signal 
of the channel equalizer has a constant power density as a 
function of frequency, something which will be described in 
more detail later. 

The demodulated signal or the vector x of the received 
combined coded information symbols is thus fed into a channel 
equalizer 112 which e.g. equalizes the frequency response a(f) 
of the channel. After the channel equalizer 112 the 
demodulated equalized signal or the vector y is fed, depending 
on the partial set, into a unit 114a or 114b for processing 
the combined information symbols. The processing 
specifications of these units 114a, 114b for processing are 
inverse to the combination specifications of the units 104a, 
104b for combining so as to reverse the combinations in the 
partial sets and so as to be able to extract the coded 
information symbols of the sequence of coded information 
symbols from the combined coded information symbols. 

The processing specification of the unit 114a, 114b is a 
reversal or approximate reversal of the combination 
specification of the unit 104a, 104b, i.e. e.g. a matrix 
operation with an orthonormal or sufficiently orthonormal 
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matrix Q which is inverse or nearly inverse to the matrix P, 
i.e. where Q is approximately P -1 , such as e.g. an inverse 
Hadamard matrix, an inverse PN matrix or some other 
sufficiently orthonormal matrix. What emerges again finally is 
the sequence of coded information symbols, referred to here as 
vector z . 

As can be seen from Fig. 1, the coded information symbols of 
each set are now fed into their respective decoders 115a, 
115b, which, broadly speaking, reverse the coding of the 
equivalent encoders 103a, 103b in so far as the superimposed 
interference allows. 

A unit 116 for revoking the grouping then converts the group 
of information symbols into a sequence of information symbols 
again which are received by a receiver or a sink 118. 

In the following Fig. 2 will be considered. This shows a 
section of a transmission channel or a transmission channel, 
which for the sake of example just extends from 4.5 MHz to 5.5 
MHz. A curve 200 shows the frequency dependent carrier noise 
power as a function of frequency which results after 
equalization of the frequency dependent attenuation of the 
transmission channel by the unit 112. For the example 
considered here, where the transmitted power is constant over 
all carriers, where the transmission channel has an 
attenuation which increases with frequency and where the 
thermal noise is independent of frequency, curve 200 results 
after the transmission channel has been normalized in the 
receiver in such a way that the total power is constant with 
respect to frequency. Expressed simply, the transmitted signal 
in the transmission channel is attenuated more and more as the 
frequency increases. Channel equalization leads to an 
amplification of the signal power, and thus also of the noise 
power, which means that, although the noise of the receiver is 
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constant with respect to frequency, the carrier noise power 
increases with the frequency, this corresponding to a signal- 
to-noise ratio which decreases as the frequency increases. The 
concept according to the present invention is not, however, 
confined to a channel with a monotonically decreasing signal- 
to-noise ratio, but applies to any sort of channel where the 
transmission quality is distributed over the partial channels. 

Th basic idea of the present invention will now be described 
in more detail by means of Fig. 2. In this figure the noise 
power distribution within a certain frequency range is shown 
for the case where the channel 108 in Fig. 1 is equalized by 
the channel equalizer 112 in such a way that the overall 
transfer function has a constant value. Such an equalization 
of the frequency response necessarily entails an increase in 
the spectral noise power in the upper frequency range. This 
increase in the spectral noise power density is shown in Fig. 
2. Also shown is the permissible spectral noise power density 
for a particular transmission method. Since this power density 
depends only on the chosen coding method or modulation method 
and the permissible transmission error probability, the result 
in the diagram is a constant value independent of the 
frequency. It should be noted that the permissible 
transmission error probability corresponds to a predetermined 
reliability when decoding the information symbols. 

Below a certain frequency F G the actual noise power density is 
less than the permitted value. This results in a higher than 
necessary reliability of the coded information symbols which 
are transmitted in this frequency range by means of 2 X QAM or 
some other coding method. 

In methods according to the prior art it is not, however, 
possible to make the transition to a higher-stage 2 X+1 QAM 
coding method, i.e. to a coding method which assigns more 
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information to a coded information symbol and thus has a finer 
quantization of the signal space, since this entails a 
reduction in the noise power density by a factor of 2 in the 
case of QAM coding. This only occurs below the frequency F 0 . 
In methods according to the prior art a 2 x -stage coding method 
can no longer be employed above the frequency F G since the 
coded information symbols cannot be transmitted with the 
required reliability due to the higher than permissible 
spectral noise power density. In this frequency range a 2 X_1 
QAM coding method must be used in the prior art . 

According to the present invention a unif ormization of the 
spectral noise power density as a function of frequency is now 
achieved by additional orthogonal transformations using one of 
the orthonormal (orthogonal and normalized) matrices P and Q, 
see Fig. 1 units 104a and 104b and 114a and 114b. This is 
achieved by permitting the noise power density to increase up 
to the maximum permissible value for a 2 X QAM coding method for 
partial channels above F 0 and below F G , while above F G on the 
other hand the noise power density up to a frequency F G1 can be 
lowered to the maximum permissible value. By transforming an 
information vector using the matrix Q, each item of 
information is here impressed on all the coded combined 
information symbols, i.e. on all the partial channels within 
the set of partial channels under consideration, by the units 
104a and 104b. The set of partial channels considered in Fig. 
2 thus stretches from a carrier with the frequency F 0 up to a 
carrier with the frequency F G1 for the method according to the 
present invention, in contrast to methods according to the 
prior art, which only use the range up to the frequency F G . It 
should be noted that in the prior art the partial channels 
between F G and F G i had to be coded with a low-stage coding 
method whereas according to the concept according to the 
present invention these carriers can be coded with the same 
coding method as the carriers in the range from F 0 to F G , 
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which results in a gain in the available transmission rate. 
The net gain in the available transmission rate effected by 
the present invention corresponds to the difference between 
the amount of information which is assigned by the two coding 
methods multiplied by the number of carriers, i.e. partial 
channels, in the range from F G to F G i. 

In the receiver a corresponding reverse transformation is now 
needed. This reverse transformation is accompanied by a 
weighted addition of the interference amplitudes of the 
individual modulation symbols. If the reverse transformation 
matrix, e.g. the matrix Q in Fig. 1, possesses the property 
that all the elements of each line have the value 1, i.e. if 
the matrix Q is orthonormal or unitary, the weighted addition 
of the noise interference contributions results in an 
averaging. Consequently it is possible to use a particular 2 X 
coding method for the transmission beyond the frequency F G for 
carriers up to the frequency F G1 . The difference between the 
rate efficiency of the 2 X modulation method and the rate 
efficiency of the 2 X_1 QAM modulation method otherwise used in 
the frequency range F G . . F Gi multiplied by the bandwidth F G1 - 
F G thus gives the rate gain which can be achieved by the 
present invention, as has already been stated. 

The uniformization of the superimposed noise power by means of 
an orthonormal transformation will now be explained in more 
detail. It should be noted that the following derivation 
applies to every set of partial channels or carriers 
individually and that there is no uniformization beyond set 
boundaries . 

The transmitted signal existing as a vector t with complex 
components is transformed into the vector u by means of an 
orthonormal matrix P. 
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Through this transformation according to equation (1) and the 
orthonormality properties of matrices (cf. Equation 3), each 
component of the vector t is mapped uniformly onto all the 
components of the vector u, i.e. each individual bit of 
information of a component t(i) is impressed onto all the 
components of the vector u and is thus transmitted in all the 
partial channels or on all the carrier frequencies of a set. 

A characteristic of orthonormal or unitary matrices, such as 
the matrix P, is the mathematical property that when the 
vector t is transformed the power it contains is preserved 
regardless of how it is distributed among the individual 
components . 

The following equation thus holds for every component of u, 
p(u[j]) being the power of the j-th component of the vector u: 

i=0 

This can e.g. be achieved for matrices with real coefficients 
by requiring that 

b*;l = i vu (3) 

Matrices which fulfil this requirement are e.g. Hadamard 
matrices and PN matrices. 

The Hadamard matrix H 2 of rank 2 is defined as follows: 
H2 = 7A \ -I] 

Hadamard matrices of rank 2 n+1 can be formed from this using 
the following recursion formula: 
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" %/2 [ H 2 „ 



(5) 



PN matrices (PN = Pseudo Noise) are formed from a 2 n_1 symbol 
long section of a (binary) PN sequence. The first row (or also 
the first column) of the matrix corresponds here to the 2 n_1 
long section of the sequence, the other rows resulting from 
cyclic displacement of the respective preceding row (or 
column) . This cyclic displacement furthermore results in a 
cyclic matrix, which brings advantages in terms of the 
practical implementation. For a sequence of length N = 7 the 
sequence is e.g. a pseudo-random sequence. 



a{u) = (1,1,-1,-1,1,-1,1) 



(6) 



This results in the following PN matrix of rank 7: 



Depending on which orthonormal matrix P, see Fig. 1, was used 
in the transmitter for the transformation, the corresponding 
inverse matrix Q = P _1 must be used in the receiver. These 
inverse matrices are also, in general, orthonormal matrices. 

For Hadamard matrices e.g. the corresponding inverse is the 
Hadamard matrix itself. 



(8) 



For cyclic PN matrices the inverses are again cyclic PN 
matrices . 
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(9) 



For the present invention it is advantageous if the matrix Q = 
P 1 in the receiver exhibits the best possible orthonormal 
properties, i.e. that, independently of the power distribution 
of the components in y, the following relation holds true, 
p(z[j]) standing for the power of the component j: 



(10) 



This can, as for the matrix P in the transmitter, be achieved 
by requiring that' 



(11) 



In general the inverse of an orthonormal matrix is again an 
orthonormal matrix. In this case one of the two matrices can 
be chosen freely, the other matrix resulting accordingly. If 
only approximately orthonormal matrices are used, however, a 
specific assignment of the matrices to P and Q can bring 
advantages. 



The fulfilment or approximate fulfilment of the requirement of 
orthonormality of the matrix Q permits the unif ormization of 
the spectral noise power density or interference power density 
within a set of partial channels described hereafter. The 
following remarks apply therefore to each set of partial 
channels which is subject to a combination by means of a 
combination specification. 
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Assuming that, under practical boundary conditions, the 
interference noises of the individual channels are 
uncorrelated, the resulting interference noise in the k-th 
component of the output vector z is given by 



\ qij \ = i v«",j 
1 ^ 



(14) 



The interference power of the j-th component of the vector z 
is given by 



Since the index i in equation (15) can be chosen at will, it 
follows immediately from equation (15) that the interference 
powers of all the components of z are the same, i.e. 

This uniformization of the noise power in the partial channels 
under consideration is a mathematical property of orthonormal 
matrices . 

The uniformization described for the example of an isolated 
partial channel in Fig. 2 makes an overall shift to higher 
frequencies possible in the allocation of the individual 
partial channels. 
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Fig. 3 shows the frequency dependent S/N ratio, which 
determines the upper frequency limit of the partial channels 
in traditional OFDM methods and the utilizable carrier 
occupancy in the concept according to the present invention or 
the way in which the maximum possible bit loading factor 
varies with frequency in the preferred embodiment of the 
present invention. From Fig. 3 it can be seen how the upper 
frequency limits of the individual sets of partial channels 
have extended themselves beyond the monotonically decreasing 
curve for the S/N ratio. This curve determines the upper 
frequency limit of the partial channels in traditional methods 
(Fig. 8) . 

Fig. 3 shows a partitioning of a transmission channel in 12 
sets of partial channels, of which only the first three have 
been labelled 304a to 304c. In particular the set of partial 
channels labelled 304b in Fig. 3 comprises partial channels 
with carrier frequencies from about 4.3 to 4.75 MHz. It is 
assumed that, for the set of partial channels comprising the 
partial channels with the highest carrier frequencies, 
labelled 304a in Fig. 3, a 2 2 QAM method is used. It is 
furthermore assumed that a 2 3 QAM method is used for the set 
304b of partial channels. As a result of the S/N ratio vs. 
frequency for the channel 300, there is a threshold S/N ratio 
306 of about 17 dB for the coding method used for the set 304b 
of partial channels. The carriers in the set 304b of partial 
channels must therefore have a S/N ratio at least equal to the 
threshold S/N ratio in order that a predetermined reliability 
can be achieved when decoding the information symbols. 
Analogously, the threshold S/N ratio for the set 304a of 
partial channels is about 14 dB. There is thus a particular 
threshold S/N ratio for each set of partial channels, i.e. for 
each coding method which is used. As can be seen from Fig. 8, 
the carrier occupancy according to the prior art was subject 
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to the requirement that the carrier with the highest frequency 
in a set of carriers had a S/N ratio greater than or equal to 
the threshold S/N ratio. 

In contrast, the sets of partial channels according to the 
present invention include at least one partial channel whose 
S/N ratio without combination is smaller than the threshold 
S/N ratio and which, as a result of combination, is greater 
than or at least equal to this threshold S/N ratio. The 
advantage of this is that this partial channel can be coded 
with the next higher coding method compared to the prior art. 

This at least one partial channel forms a range I which 
extends above the curve 300. If this partial channel is 
compared with the situation without combination shown in Fig. 
8, it can be seen- that a partial channel in the range I of the 
set 304b has a higher S/N ratio as a result of combination in 
the partial channel, as a consequence of which this partial 
channel in the example shown in Fig. 3 can be coded not with 
the lowest stage coding method but with a coding method one 
stage higher, which means that the data rate of the system has 
increased compared to the prior art, as has already been 
described. 

Fig. 4 shows a comparison of the carrier occupancy for the 
traditional DMT method and for the COFDM method according to 
the present invention. Fig. 4 shows the resulting distribution 
of the bit loading factors vs. frequency for the traditional 
and. the novel method. The rate gain can be read directly from 
the figure, being the area enclosed by both curves along the 
staircase. The enclosed area corresponds to the channel 
capacity which cannot be exploited directly with traditional 
methods . 
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The gain in the transmission rate which can be achieved in 
this way can be used both to increase the transmissible useful 
information rate and to improve the reliability of the 
transmissi on when using error security methods such as FEC or 
ARQ (ARQ = Automatic Repeat Request in the event of a 
transmission error) . A combination of the two goals, i.e. an 
increased information rate allied to a redundancy coding, may 
also make sense in certain applications. In FEC methods an 
error correction is achieved by means of additional redundancy 
which is transmitted together with the information. For 
realistic S/N boundary conditions just part of the additional 
transmission rate gained is sufficient to compensate with an 
FEC for the loss in reliability of the modulation symbols in 
the frequency range F 0 to F G due to frequency range 
uniformization. It should be stressed that the S/N ratio of 
these carriers is in any case only lowered to the permissible 
limit but not below this. The part of the rate gain which is 
not needed for the FEC is available as net rate gain. 

This may be explained by referring to Fig. 2. In Fig. 2 the 
S/N ratio at the receiver input is shown as a function of the 
frequency. If the available frequency range is subdivided into 
N sets of partial channels in the range F 0 ...F G1 , each of these 
N sets of partial channels has its own S/N ratio. The noise 
power density within these sets of partial channels can be 
assumed to be constant. Within a set of partial channels one 
or more carriers with their impressed coded combined 
information symbols can be transmitted, it being assumed that 
the transmission is a binary one (bit loading factor 1) and 
that the modulation symbols are to be transmitted with a 
certain reliability p < p max . Only the frequency range f 
greater than or equal to F 0 will be considered. 

In traditional methods each individual symbol, i.e. each 
individual carrier in the case of DMT, is considered in 
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isolation in the discriminator of the receiver. This requires 
that each partial. channel or carrier must have a certain S/N 
ratio if the bit error probability of the transmission p is to 
satisfy the condition p < p max . The higher reliability of the 
symbols transmitted below F G is not exploited in the 
traditional method outlined in Fig. 8. 

Due to the unif ormization according to the present invention, 
however, the frequency range up to the frequency F G i can be 
used. When the frequency range up to F G i is used, more than K 
symbols can then be transmitted with the required minimum 
reliability p < Pnu. n . 

If a certain application using traditional DMT methods is to 
make use of the higher reliability of the symbols transmitted 
below F G , this higher reliability can be achieved in the method 
according to the present invention by employing an FEC method 
in that all or part of the information transmitted in the 
frequency range between F G and F G1 is used as (additional) 
redundancy . 

It is apparent from Fig. 8, Fig. 3 and in particular Fig. 4 
that the method of increasing the usable frequency range or 
the usable information rate by unif ormization described 
hitherto does not yet lead to a reduction in the bit loading 
factor. 

According to a further embodiment of the present invention 
such a reduction is preferred, since the high bit loading 
factors in the lower partial channels are chiefly instrumental 
in determining the implementation outlay for the requisite D/A 
and A/D conversions and the arithmetic. A reduction in the bit 
loading factors is possible if the unif ormization extends over 
a wider frequency range or, in the limiting case, over the 
whole channel, the limiting case being marked by the fact that 
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there are only two sets of partial channels, two combiners and 
two encoders. 

Fig. 6 depicts the relationship between the achievable data 
rates (ordinate) and the specifiable maximum bit loading 
factors (abscissa) for the two strategies "unif ormization over 
several partial bands" and "unif ormization over the whole 
channel". In Fig. 6 there are two curves which increase 
monotonically from bottom left to top right and also a 
parabolic curve. The lower monotonically increasing curve 
shows the transmission rates achievable with the traditional 
method of Fig. 8 and the upper monotonically increasing curve 
those achievable with the novel method of Fig. 3, when the bit 
loading factors are restricted to a specified maximum value. 
The parabolic curve shows the transmission rates resulting 
from unif ormization of the whole transmission channel; see 
also Fig. 5, which shows an alternative carrier occupancy for 
the COFDM method. 

The point labelled 606 in Fig. 6 relates to the case in which 
the first set of partial channels has a bit loading factor of 
6, giving a data rate of about 20 Mbits/s. The bandwidth of 
the carriers used in the first set of partial channels ranges 
from 1 MHz to about 4.3 MHz, as is indicated at the bottom of 
Fig. 5. This corresponds to the curve 500 in Fig. 5. It should 
be noted that there still remains in the transmission channel 
a frequency band from 4.3 to 5.3 MHz which can no longer be 
occupied with a bit loading factor of 6, despite combination. 
According to the present invention a second set of partial 
channels is therefore introduced, which is positioned above 
the carrier frequency 4.3 MHz and which extends to about 5.3 
MHz if the second- coding method has a bit loading factor of 3. 
However, in the interests of clarity, the second set is not 
included in the figure. The point labelled 608 in Fig. 6 takes 
account of the contribution of the second set of partial 
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channels to the data rate. A comparison of the points 608 and 
606 shows that, compared with the case where the whole 
transmission channel is uniformized, a significant data rate 
gain can be achieved through the method according to the 
present invention of using at least two sets of partial 
channels, which are encoded and combined differently. It 
should be noted that the combination of the whole transmission 
channel and the use of just one coding method leads to an 
undesirable restriction in the exploitable bandwidth, as can 
be seen from Fig. 5. 

If a certain transmission rate forms the design criterion for 
a transmission system, it can be seen from Fig. 6 that the new 
system makes possible a significant reduction in the necessary 
maximum bit loading factor at high transmission rates. In the 
case where the gross transmission rates are the same in the 
two systems (the same net transmission rates and the same 
redundancy for the FEC) , the situation can be seen clearly by 
drawing a horizontal line having the specified data rate as 
the value of the ordinate. The abscissa values of the meeting 
points of the two curves and the straight line represent the 
necessary bit loading factors. As can be seen at once, the new 
system intrinsically requires lower bit loading factors. The 
difference in the bit loading factors becomes increasingly 
significant as the data rate increases. 

In the case where the same bit loading factors are specified 
for both systems, the gross transmission rates are always 
higher for the embodiment according to the present invention 
which aims for the lowest possible bit loading factors. This 
can be seen by imagining a vertical line in Fig. 6 which meets 
the abscissa at a particular value of the bit loading factor 
(e.g. 5). This line intersects the rate curves for the 
traditional concept (curve 600) and the concept according to 
the present invention (curve 602) . With the exception of the 
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upper right section in the diagram, the rates for the novel 
system always lie well above the rates for traditional 
methods. Even after deducting an additional FEC redundancy of 
the order of 1 % to 3 % for the system according to the 
present invention with FEC redundancy, there is still a 
significant net rate gain. 

A further possibility which presents itself is to shift the 
whole freguency range or just F G i downwards or to contract the 
bandwidth of the individual sets of partial channels until the 
same net transmission rates are achieved. As a result of the 
lower cable attenuation in the lower frequency range a greater 
distance could then be spanned. 

Finally, it should be noted that it is only in the area of 
very high data rates, at the upper right in Fig. 6, that the 
differences in the attainable gross transmission rates are 
relatively insignificant for the same bit loading factors. 
This small difference is a consequence of the fact that even 
the new method only exploits the available channel capacity to 
a certain extent, though it does this better than the 
traditional method (Fig. 8). 

The parabola-shaped curve in Fig. 6 describes the case of 
unif ormization of the whole transmission channel. The maximum 
and the breaking off of the curve at higher bit loading 
factors result from the markedly LP characteristic of the 
(cable) transmission channel. This will now be explained. The 
idea of the rate gain through unif ormization rests on the fact 
that the S/N ratio is not the same in the whole frequency 
range (S/N = S(f)/N(f)) and in the lower frequency range it is 
mostly much higher than it need be for a particular bit 
loading factor. As a result it is possible to extend the 
usable frequency range, i.e. the frequency range in which 
S(f)/N(f) > S/N min = f(pmax)- The result is a constant S/N = 
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S/N min over the whole averaged range (it should be noted that 
in all the equations, S = signal, C = carrier and N = noise) : 



If frequency ranges with a higher than average amount of 
(noise) interference are included in this averaging, the S/N 
ratio resulting from the averaging through an orthogonal 
transformation is, on the whole, worse. This makes it 
necessary to reduce the bit loading factor, and the net result 
is that, despite the disturbed partial channels being 
occupied, the transmission rate is lower. It follows from this 
that it makes sense not to assign any set of partial channels 
to such heavily disturbed partial channels or to assign to 
them a set of partial channels which employs a correspondingly 
lower-stage coding method. If the bit loading factor used in 
defining the sets of partial channels is too small, even 
though this results in a greater usable bandwidth or a 
correspondingly large number of usable partial channels for 
this set of partial channels, the net result is a smaller 
usable data rate, which is proportional to the product of the 
number of partial channels of the set and the bit loading 
factor, for this set of partial channels. This corresponds to 
the falling part of the curve 604 on the left in Fig. 6. If, 
on the other hand, the bit loading factor chosen when defining 
the sets of partial channels is too large, this results in 
only a small usable bandwidth or a small number of partial 
channels in the set of partial channels, again resulting in 
only a small usable data rate for this set of partial 
channels. This corresponds to the falling part of the curve 
604 on the right in Fig. 6. Depending on the transmission 
quality of the individual partial channels, there is an 
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optimal bit loading factor for a first set of partial channels 
and a certain number of particular partial channels assigned 
to this first set of partial channels for which the 
transmission rate of this set of partial channels is a 
maximum. In the example it can be seen from Fig. 6 that there 
is an optimal bit loading factor of 6 and a resultant 
transmission rate of ca. 20 Mbits/s, given by the apex of the 
curve 604. From Fig. 5 it can be seen that this results in an 
occupied bandwidth extending from ca. 1 MHz to ca. 4.3 MHz. 
The remaining partial channels or unoccupied frequency ranges 
or partial channels can now be assigned to other sets of 
partial channels. If they are assigned to a second set of 
partial channels in the frequency range between ca . 4.3 MHz 
and ca. 5.3 MHz and if a coding method with a bit loading 
factor of 3 is used for this second set of partial channels, 
the resulting data rate for this second set of partial 
channels is about 3 Mbits/s. This is represented by the line 
connecting the points 606 and 608 in Fig. 6. 

In this way, depending on the frequency dependent cable 
attenuation and indirectly on the length of the cable, an 
optimal first bit loading factor for the first set of partial 
channels and an optimal second bit loading factor for the 
second set of partial channels can be found. 

From the form of the parabolic curve 604 in Fig. 6 it can be 
seen that by sacrificing (theoretical) transmission rate of 
the order of about 40 % it is possible to implement very 
simple systems with low bit loading factors and high bandwidth 
efficiency (see Fig. 8 and 5) . According to the present 
invention the high bandwidth efficiency of these systems makes 
it possible, by using the unexploited upper frequency range, 
to increase the data transmission rate to values for which bit 
loading factors higher by a factor of 2 would be required in 
conventional systems. For example, with a maximum bit loading 



42 



factor of 6 for a system with complete unif ormization (Fig. 6) 
and using the upper frequency range (4.4 MHz ... 5.4 MHz, see 
Fig. 4) for a method with bit loading factor 3, the result is 
a total data rate of 20 Mbits/s + 3 Mbits/s = 23 Mbits/s 
(point 608 in Fig. 6) . This is a rate which requires a bit 
loading factor of 9 in traditional systems, as shown in Fig. 
5. 

The devices and methods according to the present invention 
make possible the efficient utilization of the channel 
capacity of e.g. noisy transmission channels for which the S/N 
ratio either decreases monotonically with the frequency, e.g. 
in xDSL channels, or which deteriorates within certain 
frequency ranges, e.g. in a radio channel or in various 
special cable channels with particular cabling structures or 
particular circuit features, especially in the power line 
channel, thus resulting in considerable implementation and 
cost benefits. 
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Claims 

1. A device for transmitting information over a plurality of 
partial channels which have different transmission 
characteristics and which together form a transmission 
channel, comprising: 

a unit for grouping (102) the information as assigned to 
the partial channels; 

a unit for coding (103a) information assigned to a first 
set of partial channels by means of a first coding method 
to obtain a first set of coded information symbols, where a 
first coded information symbol of the first set of coded 
information symbols has a first amount of information 
assigned to it; 

a unit for coding (103b) information assigned to a second 
set of partial channels by means of a second coding method 
to obtain a second set of coded information symbols, where 
a second coded information symbol of the second set of 
coded information symbols has a second amount of 
information assigned to it which differs from the first 
amount of information; 

a unit for combining (104a) the coded information symbols 
of the first set according to a first combination 
specification so as to generate a first set of combined 
coded information symbols equal in number to the number of 
partial channels of the first set of partial channels; 

a unit for combining (104b) the coded information symbols 
of the second set according to a second combination 
specification so as to generate a second set of combined 
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coded information symbols equal in number to the number of 
partial channels of the second set of partial channels; and 

a unit for assigning (106) the combined coded information 
symbols of the first set to the first set of partial 
channels and for assigning the combined coded information 
symbols of the second set to the second set of partial 
channels in such a way that each partial channel has a 
combined coded information symbol assigned to it, that each 
partial channel of the first set of partial channels has 
the whole information of the information symbols of the 
first set assigned to it, and that each partial channel of 
the second set of partial channels has the whole 
information of the information symbols of the second set 
assigned to it, 

where both the first and the second set of partial 
channels have at least one partial channel whose signal-to- 
noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally necessary 
for the coding method used by the set to which this partial 
channel belongs in order to achieve a predetermined 
reliability when decoding the information symbols, and 
whose signal-to-noise ratio as a result of combining is 
greater than or equal to the threshold signal-to-noise 
ratio . 

A device according to claim 1, wherein each partial 
channel of the transmission channel has a carrier with its 
own frequency assigned to it and wherein the unit for 
assigning has a unit (106) for impressing the combined 
coded information symbols on the corresponding carriers so 
as to generate a modulated signal representing the 
sequence of information symbols. 



45 



3. A device according to claim 1 or 2, wherein the first 
coding method (103a) is a method with a 2 x -stage 
quantization of the signal space and wherein the second 
coding method (103b) is a method with a 2 x_y quantization 
of the signal space, where x = 3, x > y. 

4. A method according to claim 3, wherein the number of 
partial channels in a set of partial channels is so chosen 
that the excess in the signal-to-noise ratio of carriers 
in the set is essentially completely used to compensate 
for the deficit in the signal-to-noise ratio of the at 
least one partial channel in the set in such a way that 
all the partial channels in the set have a signal-to-noise 
ratio which is greater than the threshold signal-to-noise 
ratio and which is as close as possible to the threshold 
signal-to-noise ratio. 

5. A method according to claim 3 or 4, wherein the 
transmission channel (108) has a plurality of carriers 
with carrier frequencies from a lower threshold frequency 
to a higher threshold frequency, where the first set of 
partial channels has carrier frequencies from the lower 
threshold frequency up to and including a middle frequency 
and where the second set of partial channels has carrier 
frequencies above the middle frequency up to the upper 
threshold frequency and where the middle frequency is so 
specified that for the parameter x = 3 the signal-to-noise 
ratio of the carrier with the middle frequency is closest 
to the threshold signal-to-noise ratio (300) for the first 
set of partial channels as a result of combining by means 
of the first combination specification (104a) and where 
the upper threshold frequency is so specified that the 
signal-to-noise ratio of the carrier with carrier 
frequency equal to the upper threshold frequency is 



46 



closest to the threshold signal-to-noise ratio for the 
second set of partial channels. 

6. A method according to claim 3, wherein the transmission 
channel has a plurality of carriers with carrier 
frequencies from a lower threshold frequency to an upper 
threshold frequency, where there is a number of units for 
encoding and an equally large number of units for 
combining the coded information symbols for the respective 
sets of partial channels, the number being so chosen that, 
for the set with the upper threshold frequency, a coding 
method with the coarsest possible quantization is employed 
in the respective coding unit and where a coding method 
which is successively a stage finer for smaller carrier 
frequencies is employed in a respective coding unit, so 
that, for the carrier at the lower threshold frequency, a 
coding unit is employed whose quantization is as fine as 
possible, with the result that the data rate for the full 
bandwidth of the channel from the lower threshold 
frequency to the upper threshold frequency is a maximum. 

7. A device according to one of the preceding claims, which 
also has a unit for performing a forward error correction 
for partial channels, where the unit for performing a 
forward error correction is so designed that part of the 
gain in data rate is used to introduce redundancy into the 
sequence of information symbols, whereas the rest of the 
gain in data rate is used to increase the information 
rate. 

8. A device according to one of the previous claims, wherein 
the transmission characteristics of the partial channels, 
which affect the threshold signal-to-noise ratio, are 
known, where the amounts of information of the first and 
the second coding unit (103a, 103b) are specified from the 
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start in order to be able to transmit a certain 
information rate. 

9. A device according to one of the claims 1 to 7, wherein 
the transmission characteristics of the partial channels, 
which affect the threshold signal-to-noise ratio, can be 
estimated roughly, so that the amounts of information and 
an assignment of partial channels to the first and second 
set of partial channels are so chosen that, as a result of 
combining, the signal-to-noise ratios of the partial 
channels exceed the estimated threshold signal-to-noise 
ratios for the partial channels by a security margin. 

10. A device according to one of the preceding claims, wherein 
a partial channel which is known to have a poor 
transmission characteristic is not assigned to any set of 
partial channels. 

11. A device according to one of the preceding claims, wherein 
the partial channels are assigned to the sets of partial 
channels according to their transmission characteristics, 
which are known beforehand, so that a set of partial 
channels has partial channels with similar transmission 
characteristics . 

12. A device according to one of the claims 1 to 10, which 
also has a unit for dynamically registering the 
transmission channel and which also has a unit for 
dynamically determining the amount of information which is 
assigned by the first and second coding unit (103a, 103b) 
and for dynamically assigning carriers to the first and 
second set of partial channels, so that, as a result of 
combining, the signal-to-noise ratios of the partial 
channels are always greater than or equal to the threshold 
signal-to-noise ratios. 



48 



A device according to claim 2, wherein the unit (106) for 
impressing the combined information symbols on the 
corresponding carriers has a unit for performing an 
inverse discrete Fourier transform (IDFT), which is 
preferably implemented in the form of a fast discrete 
inverse Fourier transform (fast DIFT) . 

A device according to one of the preceding claims, wherein 
the first and the second combination specification of the 
units for combining (104a, 104b) are combination 
specifications for combining the information symbols in an 
essentially orthogonal and essentially normalized, i.e. in 
an essentially orthonormal or unitary, way. 

A device according to claim 14, wherein the first and the 
second combination specification are a Hadamard matrix or 
a pseudo random noise matrix (P) or some other 
sufficiently orthonormal or unitary matrix (P) whose 
matrix elements are equal to or close to 1. 

A device for receiving a transmitted signal with 
information, where a first set of coded information 
symbols of the transmitted signal is generated by a first 
coding method, where the first coding method has assigned 
a first amount of information to a coded information 
symbol of the first set of coded information symbols, and 
where a second set of coded information symbols is 
generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set 
are combined according to a first combination 
specification and coded information symbols of the second 
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set are combined according to a second combination 
specification, where combined coded information symbols of 
the first set are assigned to a first set of partial 
channels and where combined coded information symbols of 
the second set are assigned to a second set of partial 
channels, where both the first and the second set of 
partial channels have at least one partial channel whose 
signal-to-noise ratio without the step of combining would 
be lower than a threshold signal-to-noise ratio which is 
minimally necessary for the coding method used by the set 
to which this partial channel belongs in order to achieve 
a predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio with the step of 
combining is greater than or equal to the threshold 
signal-to-noise ratio, comprising: 

a unit for extracting (110) the combined coded information 
symbols of the partial channels from the received signal 
using the partial channels; 

a first unit for processing (114a) the combined coded 
information symbols of the first set using a first 
processing specification, which is the inverse of the 
first combination specification, so as to obtain the coded 
information symbols of the first set; 

a second unit for processing (114b) the combined coded 
information symbols of the second set using a second 
processing specification, which is the inverse of the 
second combination specification, so as to obtain the 
coded information symbols of the second set; 

a first unit for decoding (115a) the coded information 
symbols of the first set so as to recapture the 
information assigned to the coded information symbols of 
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the first set, the first unit for decoding being designed 
to also decode the at least one partial channel of the 
first set of partial channels; and 

a second unit for decoding (115b) the coded information 
symbols of the second set so as to recapture the 
information assigned to the coded information symbols of 
the second set, the second unit for decoding being 
designed to also decode the at least one partial channel 
of the second set of partial channels. 

17. A device according to claim 16, wherein the unit (110) for 
extracting the combined coded information symbols has a 
unit for performing a discrete Fourier transform (DFT) , 
which is preferably implemented in the form of a fast 
Fourier transform (FFT) . 

18. A device according to claim 14 or 15, wherein the first 
and the second combination specification are combination 
specifications for combining the information symbols in an 
essentially orthogonal and essentially normalized, i.e. in 
an essentially orthonormalized or unitary, way, and 
wherein the first and the second processing specification 
are the inverses of these combination specifications. 

19. A device according to claim 18, wherein the first and the 
second processing specification are inverse Hadamard 
matrices or inverse pseudo random noise matrices or some 
other sufficiently orthonormal or unitary matrices which 
are sufficiently inverse to the combination specification 
and whose matrix elements are equal to or close to 1. 

20. A device according to claims 14 to 17, which also has a 
unit (112) for equalizing the received signal which is so 
designed that it normalizes the amplitudes of the signals 
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of the partial channels, the unit for equalizing following 
the unit {110) for extracting the combined coded 
information symbols. 

21. A method for transmitting information over a plurality of 
partial channels which have different transmission 
characteristics and together form a transmission channel, 
with the following steps: 

grouping (102) the information as assigned to the partial 
channels ; 

coding (103a) information assigned to a first set of 
partial channels by means of a first coding method to 
obtain a first set of coded information symbols, where a 
first coded information symbol of the first set of coded 
information symbols has a first amount of information 
assigned to it; 

coding (103b) information assigned to a second set of 
partial channels by means of a second coding method to 
obtain a second set of coded information symbols, where a 
second coded information symbol of the second set of coded 
information symbols has a second amount of information 
assigned to it which differs from the first amount of 
information ; 

combining (104a) the coded information symbols of the 
first set according to a first combination specification 
so as to generate a first set of combined coded 
information symbols equal in number to the number of 
partial channels of the first set of partial channels; 

combining (104b) the coded information symbols of the 
second set according to a second combination specification 
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so as to generate a second set of combined coded 
information symbols equal in number to the number of 
partial channels of the second set of partial channels; 
and 

assigning (106) the combined coded information symbols of 
the first set to the first set of partial channels and 
assigning the combined coded information symbols of the 
second set to the second set of partial channels in such a 
way that each partial channel has a combined coded 
information symbol assigned to it, that each partial 
channel of the first set of partial channels has the whole 
information of the information symbols of the first set 
assigned to it, and that each partial channel of the 
second set of partial channels has the whole information 
of the information symbols of the second set assigned to 
it, 

where both the first and the second set of partial 
channels have at least one partial channel whose signal- 
to-noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally 
necessary for the coding method used by the set to which 
this partial channel belongs in order to achieve a 
predetermined reliability when decoding the information 
symbols, and whose signal-to-noise ratio as a result of 
combining is greater than or equal to the threshold 
signal-to-noise ratio. 

A method for receiving a transmitted signal with 
information, where a first set of coded information 
symbols of the transmitted signal is generated by a first 
coding method, where the first coding method has assigned 
a first amount of information to a coded information 
symbol of the first set of coded information symbols, and 
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where a second set of coded information symbols is 
generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set 
are combined according to a first combination 
specification and coded information symbols of the second 
set are combined according to a second combination 
specification, where combined coded information symbols of 
the first set are assigned to a first set of partial 
channels and where combined coded information symbols of 
the second set are assigned to a second set of partial 
channels, where both the first and the second set of 
partial channels have at least one partial channel whose 
signal-to-noise ratio without the step of combining would 
be lower than a threshold signal-to-noise ratio which is 
minimally necessary for the coding method used by the set 
to which this partial channel belongs in order to achieve 
a predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio with the step of 
combining is greater than or equal to the threshold 
signal-to-noise ratio, with the following steps: 

extracting (110) the combined coded information symbols of 
the partial channels from the transmitted signal using the 
partial channels; 

processing (114a) the combined coded information symbols 
of the first set using a first processing specification, 
which is the inverse of the first combination 
specification, so as to obtain the coded information 
symbols of the first set; 



processing (114b) the combined coded information symbols 
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of the second set using a second processing specification, 
which is the inverse of the second combination 
specification, so as to obtain the coded information 
symbols of the second set; 

decoding (115a) the coded information symbols of the first 
set so as to recapture the information assigned to the 
coded information symbols of the first set, the first unit 
for decoding being designed to also decode the at least 
one partial channel of the first set of partial channels; 
and 

decoding (115b) the coded information symbols of the 
second set so as to recapture the information assigned to 
the coded information symbols of the second set, the 
second unit for decoding being designed to also decode the 
at least one partial channel of the second set of partial 
channels . 

A method according to claim 22, which also has the 
following step preceding the processing steps: 

normalizing (112) the partial channels in such a way that, 
following normalization, the value of the power is 
substantially the same for each partial channel. 
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A device and a method for transmitting and 
a device and a method for receiving 



Abstract 



In a device for transmitting a sequence of information symbols 
over a plurality of partial channels having different 
transmission characteristics and together forming a 
transmission channel, the sequence of information symbols is 
grouped (102), whereupon a first set and a second set of the 
information symbols are coded (103a, 103b) using different 
coding methods. The coded information symbols are then 
combined in sets (104a, 104b) and are transmitted over a 
channel having two sets of partial channels. Both the first 
and the second set of partial channels have at least one 
partial channel whose signal-to-noise ratio without combining 
would be lower than a threshold signal-to-noise ratio which is 
minimally required by the coding method used for the set to 
which this partial channel belongs in order to achieve a 
predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio is greater than or 
equal to the threshold signal-to-noise ratio as a result of 
the combination step. The concept of transmitting and 
receiving according to the present invention permits an 
increased transmission rate since there is at least one 
partial channel in each set as a result of the setwise 
combination . 



1/6 



s 
o 
o 

" TT Tt m 



Q 
O 

Q 



-=S t=> E-i 
OWN 



mini 



t 

a 



00 ' ' 



III 


ill 


1 






o 






III 


III 




CM 


5 


Q 


o 


o> 


o 


O 


mini 



kg 



2/6 




Fig. 2 



3/6 




1 1,5 2 2,5 3 3,5 4 4,5 5 5,5 6 

FREQUENCY (MHz) 



Fig. 3 




o 1 — 1 — - — ■ — ■ — ■ — ' — ■ — u — ■ 1 

1 1,5 2 2,5 3 3,5 4 4,5 5 5,5 6 

FREQUENCY (MHz) 



Fig. 4 



4/6 



50 






45 






40 






35 






30 


\^ ^500 




25 


: ^_ 




,504 ' 


20 










15 










10 










5 
0 











1 1,5 2 2,5 3 3^ 4 A.5 / 5 /5,5 6 



FREQUENCY (MHz) 6 5 4 

_. _ BIT LOADING FACTOR 

Fig. 5 



30 




5 2 4 6 8 10 12 14 

BIT LOADING FACTOR 



Fig. 6 



5/6 




6/6 




1,0 1,5 2,0 2,5 3,0 3,5 4,0 4,5 5,0 5,5 6,0 

FREQUENCY (MHz) 



Fl'g. 8 (PRIOR ART) 



ASSIGNMENT 



In consideration of the sum of one dollar <$ 1,00) and other good and valuable considerations paid to the 
undersigned, the undersigned, Wolfgang MEISTER agree to assign, and hereby does assign, transfer and set over to 

SIEMENS AKTIENGESELLSCHAFT 
located at Wittelsbacherplatz 2, 80333 Muenchen, Germany 

(hereinafter designated as the Assignee) the entire right, title and interest for the United States, its 
territories, dependencies and possessions, in the invention, and all applications for patent and any Letters Patent 
wnich may be granted therefore, known as 

Channel allocation method and apparatus for coded and combined sets of information 

U.S. Serial No. 09/807,741 filed 4/17/01 

for which the undersigned has (have) executed an application for patent in the United States of America on 



1) The undersigned agree to execute all papers necessary in connection with the application and any 
continuing of divisional or reissue applications thereof and also to execute separate assignments in connection with 
such applications as the Assignee may deem necessary or expedient or essential to its full protection and title in 
and to the invention hereby transferred. 
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2) The undersigned agree to execute all papers necessary in connection with any interference which may be 
declared concerning this application or continuation or division or reissue thereof and to cooperate with the 
Assignee in every way possible in obtaining evidence and going forward with such interference. 

3) The undersigned agree to perform all affirmative acts which may be necessay to obtain a grant of valid 
United States patent to the Assignee. 

4) The undersigned agree to communicate to the Assignee or representatives thereof any facts known to us 
respecting the invention and improvements thereof, and will, upon request, but without expense to us, testify in any 
legal proceedings regarding the invention. 

5) The undersigned hereby authorize and request the Commissioner of Patents to issue any and all Letter 
Patents the United States resulting form said application or any division or divisions or continuing applications 
thereof to the said Assignee, as Assignee of the entire interest, and hereby convenant that they have full right to 
convey the entire interest herein assigned, and that they have not executed and will not execute, any agreement in 
conflict herewith. 

6) The undersigned hereby grant the firm of Glenn Patent Group the power to insert on this assignment any 
further identification which may be necessary or desirable in order to comply with the rules of the United States 
Patent Office for recordation of this document. 

7) This Agreement shall be binding upon our heirs, executors, administrators, and/or assigns, and shall 
inure to the benefit of the heirs, executors, administrators, successors and/or assigns of the Assignee. 

IN WITNESS WHEREOF, this Assignment was executed by the undersigned on the dates opposite the undersigned names. 
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V. Reasoned statement under Article 35(2) with regard to novelty, inventive step or industrial applicability; 
citations and explanations supporting such statement 



1 . Statement 

Novelty (N) 



Inventive step (IS) 



Industrial applicability (IA) 



Claims 

Claims 
Claims 

Claims 
Claims 



2. Citations and explanations 

1. Citations: 



Dl: LINDNER J.: "CHANNEL CODING AND MODULATION 
FOR TRANSMISSION OVER MULT I PATH CHANNELS" , 
ARCHIV FUR ELEKTRONIK UND 
UBERTRAGUNGSTECHNIK, S. HIRZEL VERLAG, 
STUTTGART, DE , Vol. 49, No. 3, 1 May 1995 
(1995-05-01), pages 110-119, XP000590761, 
ISSN: 0001-1096, mentioned in the application 

D2: EP-A-0 753 948 (ALCATEL BELL NV) , 15 January 
1997 (1997-01-15) 

D3: EP-A-0 742 654 (FRANCE TELECOM; TELE DIFFUSION 
FSE (FR)), 13 November 1996 (1996-11-13). 

The invention concerns a -device (Claim 1) and a 
method (Claim 21) for transmitting information via a 
plurality of subchannels and a device (Claim 16) and 
a method (Claim 22) for receiving an information- 
containing transmitted signal. 

Dl states that an encoder COD 2 to COD M is provided 
for each subchannel. Furthermore, all subchannels 
are combined using a matrix in order to be then 
modulated using a block. In Dl, all subchannels are 
combined, that is the symbols are distributed over 
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the entire channel bandwidth, while in the subject 
matter of the present invention, only a set of 
subchannels which does not comprise all subchannels 
is combined. 

D2 discloses a capacity allocation method for OFDM. 
The subject matter of the present invention differs 
(for example in claim 1) from the subject matter 
disclosed in D2 in that 

- it comprises a device for combining the encoded 
information symbols of the first set; 

- it comprises a device for combining the encoded 
information symbols of the second set; 

- it comprises a device for allocating the combined 
encoded information symbols of each set; and 

- both the first and second sets of subchannels 
comprise at least one subchannel with a signal-to- 
noise ratio greater than it would be if no 
combination had taken place, in particular greater 
than a limit signal-to-noise ratio for the encoding 
method used for this set of subchannels. 

D3 discloses a transmitter for digital signals 
derived from analogue television signals and a 
receiver for such transmitted signals. D3 also fails 
to disclose a device for combining the encoded 
information symbols of the first set, a device for 
combining the encoded information symbols of the 
second set, and a device for allocating the combined 
encoded information symbols of both sets, or that 
both the first and second sets of subchannels 
comprise at least one subchannel with a signal-to- 
noise ratio which is greater, as a result of the 
combination, than a limit signal-to-noise ratio for 
the underlying encoding method. 
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The disadvantage of the method described in Dl is 
that it cannot be applied to modulation methods in 
which different encoding methods are provided for 
different subchannels and in turn have different 
signal-to-noise ratios for the different 
subchannels, in order to ensure that a particular 
limit signal-to-noise ratio can be obtained for each 
encoding method. Another problem is that the method 
described in Dl can lead to a total loss of 
information by combination of the individual 
carriers over the entire channel bandwidth when 
particular transmission channels are so disturbed 
that the interference energy they contain spreads to 
all other channels, which per se are of good 
quality, degrading their signal-to-noise ratio to 
such an extent that the actual signal-to-noise ratio 
falls under the limit signal-to-noise ratio. 

In order to solve these problems, transmission power 
would either have to be increased in all subchannels 
or a low-level encoding method would have to be 
applied. However, both possibilities are undesirable 
because it is not always possible in all 
circumstances to increase transmission power. If a 
low-level encoding method is then used, the quantity 
of information to be transmitted through the channel 
is reduced, which is not desirable either. 

The present invention addresses the problem of 
providing transmission and reception devices and 
methods which make possible a good utilisation of 
the available capacity of the transmission signal 
and are easy to implement. 

D2 describes the subdivision of the data elements 
into groups of data elements. However, this 
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subdivision is not carried out on the basis of the 
transmission characteristics of the subchannels 
(first paragraph of Claim 1 of the present 
invention) but on the basis of the useful content of 
the data elements. Furthermore, the carriers in d2 
are processed in an absolutely individual manner; 
likewise, the carriers are processed in an 
individual manner when the minimum signal-to-noise 
reserves are compensated, that is, they are examined 
to ascertain from where an information element 
should be removed, that is where a lower-level 
encoding method should be used, and to which carrier 
the information element should be given for a 
higher-level encoding method to be carried out for 
this carrier. Consequently, although D2 teaches 
subdividing the data elements to be transmitted into 
two groups, the individual carriers are not divided 
into sets of individual carriers to which the same 
encoding method should be applied. If a person 
skilled in the art proceeding from Dl, which teaches 
a combination of all carriers, considered D2, he 
would recognise that D2 teaches individual carrier 
processing. He would then either abandon the 
combinatory processing of Dl or reject D2, since he 
would have to decide either for the combined or the 
individual processing of the individual carriers. 

The same applies to D3, which also fails to give a 
person skilled in the art any indication not to 
combine all subchannels, as taught in Dl, but only 
those subchannels which have been processed using 
the same encoding method. 

The other international search report citations also 
fail to disclose or to suggest the claimed concept. 
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The subject matter of Claims 1, 16, 21 and 22 is 
therefore novel and inventive (PCT Article 33(2) and 
(3) ) . 

3. Dependent Claims 2-15, 17-20 and 23 concern further 
details of the method and device as per Claims 1, 16 
and 22. Since they are dependent on claims 1, 16 and 
22, respectively, they also meet the requirements of 
PCT Article 33(2) and (3) for novelty and inventive 
step. 
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Channel allocation method and apparatus for coded and combined 
sets of information 



Field of the Invention 

The present invention relates to a device and a method for 
transmitting and to a device and a method for receiving and in 
particular to a multi-channel concept wherein different coding 
methods are employed. 



Background of the Invention and Prior Art 

The high-rate data transmission in existing telephone networks 
between the exchange and the terminal is becoming increasingly 
important with the introduction of new Internet services. For 
economic reasons only the existing copper cables are available 
initially for this purpose. However, these were originally 
dimensioned exclusively for the transmission of low-frequency 
speech signals and they are characterized by markedly low-pass 
behaviour. Using appropriate line codes, it is possible to 
transmit 144 kbits/s over distances of up to about 5 km (ISDN 
basic access) and, depending on the quality of the cable and 
the prevailing interference environment, 2 Mbits/s over 
distances of 2 - 3 km (ISDN primary group access) . These 
methods employ low-stage, usually ternary or quaternary, 
coding methods. 

Due to the rapid increase in the line attenuation with 
frequency and the rapid increase in the interference between 
the individual neighbouring line pairs of a cable these cited 
methods with their line codes are not, however, suitable for 
the transmission of still higher bit rates. 
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For the transmission of higher data rates the many-carrier or 
multi-carrier methods with spectral matching to the 
transmission channel, the theory of which has long been known, 
have been developed recently for practical application. 
Through their virtual division of the transmission channel 
into a plurality of individual partial channels, these methods 
permit better utilization of the transmission channel. 

In the following a description of traditional OFDM (Orthogonal 
Frequency Division Multiplexing) and DMT (Discrete Multi Tone) 
methods will first be given in which it is shown that a 
particular piece of information is transmitted over precisely 
one carrier frequency, i.e. one partial channel. 

The bit error probability of a digital transmission system is 
mainly determined by the chosen modulation method on the one 
hand and on the other by the interference superimposed on the 
received signal at the receiver. The choice of the modulation 
method here determines the bits which can be transmitted with 
each modulation symbol. Due to the lower line attenuation and 
the lower crosstalk between adjacent wire pairs, the partial 
channels in the lower frequency range exhibit a considerably 
higher signal-to-noise ratio (S/N ratio; S/N = carrier/noise) 
at the receiver than do partial channels in the higher 
frequency ranges. As a result it is possible to transmit more 
information per modulation symbol in low-frequency partial 
channels by employing higher-stage modulation methods. This 
leads to a higher overall transmission rate. In xDSL 
transmission methods { DSL = Digital Subscriber Line) only 2 K 
QAM modulation methods (QAM = Quadrature Amplitude Modulation) 
are employed. In these modulation methods a certain number of 
bits are imposed on a cos carrier and a sin carrier with one 
frequency by amplitude modulation. The number x of the pieces 
of information in bits which are imposed on a carrier 
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oscillation when modulating by means of a 2x-stage modulation 
method is called the bit loading factor or bit loading. 

In xDSL methods it is ensured, by appropriate choice of the 
transmission duration and of the frequency separation of the 
individual carrier oscillations, that sufficient orthogonality 
exists between all the carrier oscillations, at least in the 
case of a distortion-free transmission. It is thus possible to 
regard the individual carrier oscillations as independent 
partial channels within the whole transmission channel. The 
individual sin and cos carrier oscillations are generated not 
by separate modulation of N separately generated carrier 
oscillations but collectively by inverse discrete Fourier 
transform (IDFT) of a vector t with N complex-value 
components . 

Fig. 7 of the present invention shows a traditional OFDM 
transmission path or a traditional DMT transmission path. The 
transmission path has a source 700 which emits a sequence of 
information symbols. By means of a unit 702 for grouping, M 
information symbols supplied by the source 700 are 
respectively grouped together and mapped onto the N components 
of a vector t. In general M is not equal to N and during 
mapping the choice of modulation method is taken into account 
by means of a suitable coding, i.e. suitable weighting and 
allocation to the individual components of the vector t. A 
particular information symbol is here allocated to just one 
component of the vector t. The unit 702 for grouping is 
followed by a unit 7 04 for imposing the information symbols or 
the components of the vector t on the corresponding carrier 
frequencies of the transmission channel. Each component of the 
vector t is here imposed on just one carrier oscillation by 
means of an inverse Fourier transform (IDFT). A modulated 
signal v is obtained, which is transmitted over a distorting 
transmission channel 706 at the end of which a distorted 
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signal w emerges, the carriers or components of which are 
differently distorted by the channel depending on their 
carrier frequency. 

The signal w is demodulated by a unit 708 for extracting, i.e. 
a unit for performing a discrete Fourier transform (DFT) , so 
as to extract the information symbols or the individual 
carrier oscillations with the imposed information symbols. 
Then, in a unit 710 for equalizing or in a channel equalizer, 
the frequency-dependent distortion of the signal caused by the 
transmission channel is compensated to the extent that is 
necessary and/or possible so as to obtain an equalized signal 
z which is converted back into a sequence of information 
symbols by a unit 712 for revoking the grouping and is passed 
on to a sink 714 or receiver (the addressee of the message) . 

The valid standard for the transmission method ADSL (ADSL = 
Advanced Digital Subscriber Line) provides e.g. for the 
splitting of the frequency range 2 6 kHz to 1104 kHz into a 
total of 248 partial channels with a bandwidth of 4.35 kHz 
each. For the transmission in the low-frequency partial 
channels, the standard then provides for the use of a 2 15 QAM 
modulation method with an information rate or a bit loading of 
15 bits/modulation symbol, in contrast to the uppermost 
partial channels where simply a 4 QAM modulation method with 
an information rate of 2 bits/modulation symbol is employed. 
The number of stages of the modulation method employed in the 
various partial channels decreases in line with the decrease 
in the S/N ratio with frequency. Overall the result is a gross 
transmission rate of about 8 Mbits/s within a frequency range 
of 2 6 kHz to 1104 kHz, which corresponds to a bandwidth 
efficiency of about 7.6 bits/Hz. If one adopts the cable 
configurations cited in the standard, the resulting distance 
which can be bridged is about 6 km, depending on the line 
attenuation and the transmitted data rate. 



5 



Fig. 8 shows the S/N ratio of the channel, which defines the 
upper frequency limit of the partial channels, as a function 
of the frequency, and the usable carrier occupancy for the 
traditional OFDM or DMT method. The steadily falling curve in 
Fig. 8 shows the variation with frequency of the S/N ratio 
resulting from the cable attenuation. An interference noise 
with constant spectral interference power density N 0 is assumed 
here. The step-shaped decreasing curve shows the usable S/N 
ratio for a 2 X modulation method. The abrupt decline of the 
step curve results from the fact that even for the low-stage 
modulation method 4 QAM (or 2 QAM) which is employed a certain 
minimum S/N ratio is necessary to ensure a particular bit 
error rate. This value results in part from the desired 
reliability of the transmission and implementation effort for 
the FEC (FEC = Forward Error Correction) . This minimum S/N 
ratio for the low-stage modulation method is termed the 
implementation margin in this description. In Fig. 8 a value 
of 14 dB has been adopted as an example. 

A disadvantage of the method described above is that, despite 
the spectral efficiency of about 7.6 bits/Hz, the method for 
the digital signal processing requires a digital-analog and 
analog-digital conversion with an accuracy of considerably 
more than 2x7 bits, i.e. a signal space quantization in 
excess of 2 15 , which corresponds to double the actual 
bandwidth efficiency of the transmission method. This 
precision is necessary to ensure that the whole of the 
information transmitted in the lower partial channels can be 
encoded and decoded without error. 

A further disadvantage of the method described above is that 
the digital-analog and analog-digital conversion must take 
place at a frequency which is at least twice that of the upper 
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partial channel. There are therefore serious implementation 
disadvantages . 

A further disadvantage of the method described above is that 
the whole of the signal processing up to the discriminator, 
e.g. the requisite Fourier transform, must be performed with a 
numerical precision which is such as to guarantee that any 
rounding errors which occur do not hinder the error-free 
recording of the information in low-frequency partial 
channels . 

A further disadvantage of the method described above is that 
the modulation methods used for the individual partial 
channels can only be adjusted in steps of powers of 2. 
Consequently a change from a 2 x -stage modulation method to a 
2 x+1 -stage modulation method can only be made when the S/N 
ratio in the respective partial channel has increased by a 
factor of 2. A smaller increase in the S/N ratio cannot be 
exploited. 

In the specialist publication "Channel Coding and Modulation 
for Transmission over Multipath Channels", Jvirgen Lindner, 
AEt), Vol. 49, No. 3, 1995, pp. 110-119, various methods for 
channel coding and modulation for transmission over multipath 
channels are described. The work is based on a coded 
modulation together with a linear block modulation with 
orthogonal functions. This incorporates normal multi-carrier 
methods according to the OFDM technique and also the 
generalization thereof, which is called the OCDM method, the 
W C" standing for "coding". In the OCDM method the 
"transmission load" is transmitted over all the OFDM partial 
channels in that the vector which includes all the symbols for 
parallel transmission over all the channels is multiplied by a 
unitary matrix. Each OFDM partial channel thus carries a part 
of each component of the vector, i.e. of each symbol. A 
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corresponding algorithm on the receive side consists of a 
matrix multiplication with a matrix which is the complex 
transposed conjugate of the matrix in the transmitter. Since 
all the symbols which are transmitted in parallel over a 
transmission channel are combined with each other, the total 
noise power of the channel will be uniformly distributed over 
all the partial channels after an inverse combination in the 
receiver . 

A disadvantage of this method is that it is not applicable to 
modulation methods described in Fig. 7 and Fig. 8. Because of 
the different signal-to-noise ratios, different partial 
channels require different coding methods to ensure that a 
symbol transmitted over such a channel can be decoded in the 
receiver with sufficient reliability. A unif ormization over 
the whole transmission channel would thus mean that only the 
carriers with higher carrier frequencies, for which coding 
methods which assign relatively little information have been 
adopted, can be decoded again correctly whereas lower 
frequency carriers, for which higher-stage coding methods have 
been adopted, can no longer be decoded correctly because of a 
violation of the threshold signal-to-noise ratio, i.e. of the 
signal-to-noise ratio which is minimally needed to achieve a 
correct decoding of this partial channel with a predetermined 
reliability, thus resulting in a serious loss of information. 

A further problem with the known method of combining all the 
carriers with each other is that, if a transmission channel 
has one or more frequency ranges in which there is a very high 
attenuation and/or a very high interference power, there may 
be a complete loss of information in the whole transmission 
channel if the result of the reverse combination in the 
receiver is an averaged signal-to-noise ratio which falls 
below a certain value. In other words, just a very few very 
bad partial channels may cause the bit error rate to fall 



below a specified minimum value when decoding all the partial 
channels. The only remedy for this is either to increase the 
transmitted power in all the partial channels or to employ a 
coding method which assigns less information to an information 
symbol in such a way that the threshold signal-to-noise ratio 
suffices for a decoding with a specified minimum reliability. 

These two possibilities are not desirable, however, since an 
increase in the transmitted power may not be feasible, e.g. 
when a maximum spectral power density of the transmitted 
signal or a maximum overall power of the transmitted signal 
has been specified, or when the application requires a certain 
minimum transmission rate, which can no longer be achieved 
using low-stage modulation methods. 

EP 0 753 948 A discloses a method for allocating capacity for 
the OFDM. A mapper is fed with data elements to be transmitted 
and distributes individual data elements among a set of e.g. 
256 carriers, each item of information being impressed on just 
one carrier. This is achieved by means of a distribution 
algorithm. First of all the noise power is measured for each 
carrier. Then the carriers are fictitiously ordered in such a 
way that the carriers appear in an ascending sequence as 
regards the measured noise power. The data elements to be 
transmitted are then classified. This classification is made 
on the basis of the data represented by the data elements, 
e.g. whether the data relate to telephone banking or to normal 
telephone call data. Telephone banking data must always arrive 
completely unimpaired whereas normal telephone call data can 
tolerate some corruption in view of the far greater redundancy 
of telephone calls. The data are then subdivided into so- 
called fast data and so-called interleaved data. Telephone 
banking data are interleaved data while telephone call data 
are fast data. Then the carriers are also divided into two 
partial sets. The data elements of each set of data elements 



are then randomly allocated to the carriers of each set of 
carriers- Finally the data element allocations within each 
group are equalized, the objective being that every carrier 
should have the highest possible signal-to-noise margin. To 
achieve this, individual carrier data elements are removed 
from one carrier and given to another carrier according to the 
signal-to-noise margin. The algorithm specifies a strategy for 
impressing each item of information on just one carrier 
determined by the algorithm. 

EP 0 742 654 Al discloses a transmitter for numerical signals 
derived from analog television signals and a receiver for such 
transmitted signals. Partial carriers of an OFDM modulation 
can be coded using various coding methods, e.g. a 4 PSK coding 
method, a 16 QAM coding method or a 64 QAM coding method. 
Alternatively, a higher-stage coding method and then a 
convolution code with a code rate of 1/2 for certain 
subcarriers or a convolution code with a code rate of 5/6 for 
other subcarriers can be used. 



Summary of the Invention 

It is the object of the present invention to provide a device 
and a method for transmitting a sequence of information 
symbols and a device and a method for receiving a transmitted 
signal which exploit efficiently the available capacity of the 
transmission signal while being simple to implement. 

In accordance with a first aspect of the present invention, 
this object is achieved by a device for transmitting 
information over a plurality of partial channels which have 
different transmission characteristics and which together form 
a transmission channel, comprising: a unit for grouping the 
information as assigned to the partial channels; a unit for 
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coding information assigned to a first set of partial channels 
by means of a first coding method to obtain a first set of 
coded information symbols, where a first coded information 
symbol of the first set of coded information symbols has a 
first amount of information assigned to it; a unit for coding 
information assigned to a second set of partial channels by 
means of a second coding method to obtain a second set of 
coded information symbols, where a second coded information 
symbol of the second set of coded information symbols has a 
second amount of information assigned to it which differs from 
the first amount of information; a unit for combining the 
coded information symbols of the first set according to a 
first combination specification so as to generate a first set 
of combined coded information symbols equal in number to the 
number of partial channels of the first set of partial 
channels; a unit for combining the coded information symbols 
of the second set according to a second combination 
specification so as to generate a second set of combined coded 
information symbols equal in number to the number of partial 
channels of the second set of partial channels; and a unit for 
assigning the combined coded information symbols of the first 
set to the first set of partial channels and for assigning the 
combined coded information symbols of the second set to the 
second set of partial channels in such a way that each partial 
channel has a combined coded information symbol assigned to 
it, that each partial channel of the first set of partial 
channels has the whole information of the information symbols 
of the first set assigned to it, and that each partial channel 
of the second set of partial channels has the whole 
information of the information symbols of the second set 
assigned to it, where both the first and the second set of 
partial channels have at least one partial channel whose 
signal-to-noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally necessary 
for the coding method used by the set to which this partial 
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channel belongs in order to achieve a predetermined 
reliability when decoding the information symbols, and whose 
signal-to-noise ratio as a result of combining is greater than 
or equal to the threshold signal-to-noise ratio. 

In accordance with a second aspect of the present invention, 
this object is achieved by a device for receiving a 
transmitted signal with information, where a first set of 
coded information symbols of the transmitted signal is 
generated by a first coding method, where the first coding 
method has assigned a first amount of information to a coded 
information symbol of the first set of coded information 
symbols, and where a second set of coded information symbols 
is generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set are 
combined according to a first combination specification and 
coded information symbols of the second set are combined 
according to a second combination specification, where 
combined coded information symbols of the first set are 
assigned to a first set of partial channels and where combined 
coded information symbols of the second set are assigned to a 
second set of partial channels, where both the first and the 
second set of partial channels have at least one partial 
channel whose signal-to-noise ratio without the step of 
combining would be lower than a threshold signal-to-noise 
ratio which is minimally necessary for the coding method used 
by the set to which this partial channel belongs in order to 
achieve a predetermined reliability when decoding the 
information symbols and whose signal-to-noise ratio with the 
step of combining is greater than or equal to the threshold 
signal-to-noise ratio, comprising: a unit for extracting the 
combined coded information symbols of the partial channels 
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from' the received signal using the partial channels; a first 
unit for processing the combined coded information symbols of 
the first set using a first processing specification, which is 
the inverse of the first combination specification, so as to 
obtain the coded information symbols of the first set; a 
second unit for processing the combined coded information 
symbols of the second set using a second processing 
specification, which is the inverse of the second combination 
specification, so as to obtain the coded information symbols 
of the second set; a first unit for decoding the coded 
information symbols of the first set so as to recapture the 
information assigned to the coded information symbols of the 
first set, the first unit for decoding being designed to also 
decode the at least one partial channel of the first set of 
partial channels; and a second unit for decoding the coded 
information symbols of the second set so as to recapture the 
information assigned to the coded information symbols of the 
second set, the second unit for decoding being designed to 
also decode the at least one partial channel of the second set 
of partial channels. 

In accordance with a third aspect of the present invention, 
this object is achieved by a method for transmitting 
information over a plurality of partial channels which have 
different transmission characteristics and together form a 
transmission channel, with the following steps: grouping the 
information as assigned to the partial channels; coding 
information assigned to a first set of partial channels by 
means of a first coding method to obtain a first set of coded 
information symbols, where a first coded information symbol of 
the first set of coded information symbols has a first amount 
of information assigned to it; coding information assigned to 
a second set of partial channels by means of a second coding 
method to obtain a second set of coded information symbols, 
where a second coded information symbol of the second set of 
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coded information symbols has a second amount of information 
assigned to it which differs from the first amount of 
information; combining the coded information symbols of the 
first set according to a first combination specification so as 
to generate a first set of combined coded information symbols 
equal in number to the number of partial channels of the first 
set of partial channels; combining the coded information 
symbols of the second set according to a second combination 
specification so as to generate a second set of combined coded 
information symbols equal in number to the number of partial 
channels of the second set of partial channels; and assigning 
the combined coded information symbols of the first set to the 
first set of partial channels and assigning the combined coded 
information symbols of the second set to the second set of 
partial channels in such a way that each partial channel has a 
combined coded information symbol assigned to it, that each 
partial channel of the first set of partial channels has the 
whole information of the information symbols of the first set 
assigned to it, and that each partial channel of the second 
set of partial channels has the whole information of the 
information symbols of the second set assigned to it, where 
both the first and the second set of partial channels have at 
least one partial channel whose signal-to-noise ratio without 
combining would be lower than a threshold signal-to-noise 
ratio that is minimally necessary for the coding method used 
by the set to which this partial channel belongs in order to 
achieve a predetermined reliability when decoding the 
information symbols, and whose signal-to-noise ratio as a 
result of combining is greater than or equal to the threshold 
signal-to-noise ratio. 

In accordance with a fourth aspect of the present invention, 
this object is achieved by a method for receiving a 
transmitted signal with information, where a first set of 
coded information symbols of the transmitted signal is 
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generated by a first coding method, where the first coding 
method has assigned a first amount of information to a coded 
information symbol of the first set of coded information 
symbols, and where a second set of coded information symbols 
is generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set are 
combined according to a first combination specification and 
coded information symbols of the second set are combined 
according to a second combination specification, where 
combined coded information symbols of the first set are 
assigned to a first set of partial channels and where combined 
coded information symbols of the second set are assigned to a 
second set of partial channels, where both the first and the 
second set of partial channels have at least one partial 
channel whose signal-to-noise ratio without the step of 
combining would be lower than a threshold signal-to-noise 
ratio which is minimally necessary for the coding method used 
by the set to which this partial channel belongs in order to 
achieve a predetermined reliability when decoding the 
information symbols and whose signal-to-noise ratio with the 
step of combining is greater than or equal to the threshold 
signal-to-noise ratio, with the following steps: extracting 
the combined coded information symbols of the partial channels 
from the transmitted signal using the partial channels; 
processing the combined coded information symbols of the first 
set using a first processing specification, which is the 
inverse of the first combination specification, so as to 
obtain the coded information symbols of the first set; 
processing the combined coded information symbols of the 
second set using a second processing specification, which is 
the inverse of the second combination specification, so as to 
obtain the coded information symbols of the second set; 
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decoding the coded information symbols of the first set so as 
to recapture the information assigned to the coded information 
symbols of the first set, the first unit for decoding being 
designed to also decode the at least one partial channel of 
the first set of partial channels; and decoding the coded 
information symbols of the second set so as to recapture the 
information assigned to the coded information symbols * of the 
second set, the second unit for decoding being designed to 
also decode the at least one partial channel of the second set 
of partial channels. 

The present invention is based on the finding that, through 
uniformization of the noise power density or interference 
power density or through uniformization of the signal-to-noise 
ratio in the respective sets of the partial channels of a 
disturbed transmission channel or by distributing the 
information for transmission over sets of partial channels of 
an overall transmission channel, a better exploitation of the 
available capacity of the transmission channel can be 
achieved, so that it is possible to increase the reliability 
of the transmitted information. 

The concept according to the present invention is 
characterized by the fact that the transmission channel is 
already taken account of when transmitting in that at least 
two different coding methods are employed which differ as to 
the amount of information they assign to an information symbol 
and that the coding methods are taken into account when the 
coded information symbols from the respective partial sets are 
combined. As a consequence, only partial channels within a set 
of partial channels are combined with one another, i.e. only 
partial channels which have been encoded with the same coding 
method are combined with each other. The uniformization of the 
signal-to-noise ratio does not therefore take place over the 
whole transmission channel but is tailored to the channel or 
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to the different coding methods. As a result of the 
uniformization in the two partial sets, i.e. the combination 
of the coded information symbols in the individual sets of 
partial channels, each set of partial channels has at least 
one partial channel whose signal-to-noise ratio, without the 
combination step, would be smaller than a threshold signal-to- 
noise ratio that is minimally necessary for the coding method 
used for the set to which this partial channel belongs to 
obtain a predetermined reliability when decoding the 
information symbols, and whose signal-to-noise ratio, thanks 
to the combination step, is greater or equal to this threshold 
signal-to-noise ratio. 

A threshold signal-to-noise ratio will normally be defined 
such that a decoder in the receiver can decode the coded 
information symbols with a bit error rate that is below a 
maximum permissible bit error rate. Naturally this value is 
variable, depending on the application, according to the 
quality of the reception required in the receiver. 

It should be noted that to employ the method according to the 
present invention in its most general form, it is not 
necessary to have exact knowledge of the transmission channel, 
only a rough idea of the transmission channel is needed which 
permits a rough evaluation of the threshold signal-to-noise 
ratio for each partial channel. However, the more accurately 
the transmission channel is known, or is measured dynamically, 
the more precisely the different modulation methods and the 
different sets of partial channels can be adapted to the 
transmission channel, resulting in a correspondingly higher 
exploitable transmission rate. In the case of precise 
knowledge of the transmission channel, the method according to 
the present invention can thus provide a much higher 
transmissible information rate than can the prior art. Even 
when the channel is only very roughly estimated, the present 
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invention can, thanks to the 'use of at least two coding 
methods in association with the use of at least two 
combination specifications, still provide a channel-adapted 
transmission. The data rate of the transmit /receive concept 
according to the present invention is increased due to the 
fact that each set of partial channels contains at least one 
partial channel whose signal-to-noise ratio, because of 
combining, is greater than or equal to a threshold signal-to- 
noise ratio, which means that, for this partial channel at 
least, a higher-stage coding method can be applied, i.e. more 
information can be allocated to it, than is so in the prior 
art, which is represented in Fig. 8. Furthermore, the method 
according to the present invention permits an increase in the 
exploitable overall bandwidth of the transmission channel 
since the at least one partial channel of the second set of 
partial channels can no longer be used in the known method as, 
without the combining in the second partial set, the signal- 
to-noise ratio for this partial channel was already lower than 
the threshold signal-to-noise ratio. 

The method according to the present invention offers 
considerable flexibility as to how closely the reliability 
limit is approached when uniformizing the signal-to-noise 
ratio in a set of partial channels. In other words, the 
signal-to-noise ratio of the partial channels in a set of 
partial channels decreases progressively with an increase in 
the number of partial channels which are involved in the 
combining process and which without combination would have a 
transmission quality which would not meet the demands of the 
coding method for this set of partial channels. A good 
compromise between transmission rate and reliability can thus 
always be achieved. 

If the signal-to-noise ratio of the partial channels in a set 
of partial channels is chosen to be very near the threshold 
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signal-to-noise ratio, the number of partial channels in which 
a higher value coding method can be used is high, as a result 
of which a correspondingly higher data rate can -be achieved, 
provided the channel is known with sufficient precision. If, 
on the other hand, the number of partial channels which, 
compared to the known method, can also be coded with the 
higher stage coding method is chosen to be small, the signal- 
to-noise ratio of the partial channels in the set of partial 
channels lies well above the minimally necessary threshold 
signal-to-noise ratio. In this case the transmission channel 
does not have to be known so precisely, since deviations in 
the transmission behaviour do not directly lead to the signal- 
to-noise ratio falling below the necessary minimum signal-to- 
noise ratio and thus to a loss of the information transmitted 
in this set of partial channels. Even if, in the case of a 
channel which is poorly known, a "transmission hole" occurs, 
the worst that can happen is simply a total loss of the set of 
partial channels in which the transmission hole lies. The 
partial channels of the at least one other set are not 
affected, however, since combination did not take place over 
the whole transmission channel but simply within the sets of 
partial channels. It is clear that this compromise depends 
very much on the application. 

In the method according to the present invention what can be 
very simply adapted to the given application is the number of 
different coding methods and modulation methods employed and 
the resulting number of sets of partial channels which are 
used. If the sole optimization criterion of an application is 
the maximization of the transmissible information rate, i.e. 
if the available channel capacity is to be exploited optimally 
without considering any further boundary conditions, the 
obvious thing to do is to use a larger number of sets of 
partial channels, thereby achieving optimal spectral matching 
to the transmission channel. In this case the allocation of 
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the individual channels to- the various sets of partial 
channels is performed in such a way that, while employing sets 
of partial channels with possibly very different bit loading 
factors, i.e. coding methods, which may differ markedly as to 
signal space quantization, depending on the application, the 
allocation achieves optimal matching to the transmission 
channel and a maximum transmissible information rate. However, 
this sometimes has the disadvantage that very precise A/D 
converters or arithmetic units are needed. If the optimization 
criterion of the application is specified to be the simple 
implementation of the signal processing units in the 
transmitter and receiver, however, the method according to the 
present invention offers the possibility of transmission 
channel matching by using a minimum of 2 sets of partial 
channels with different coding methods, e.g. with a first set 
of partial channels in which a 2 2 QAM method is used as the 
coding method and a second set of partial channels in which a 
2 3 QAM method is used. The method according to the present 
invention, through unif ormization, makes it possible to extend 
the usable transmission frequency range compared with that in 
the prior art and thus to increase the transmissible 
information rate compared with methods according to the prior 
art. 

The present invention also provides a high degree of 
flexibility as regards the occupancy of the sets of partial 
channels. For a transmission with maximum data rate, the 
number of sets of partial channels will correspond to the 
number of maximum possible coding methods. If the requirement 
is for simple implementability, e.g. the use of A/D and D/A 
converters with a coarse amplitude quantization, simple 
implementation of the numerical signal processing or the 
permissibility of larger linear or non-linear signal 
distortions, the number of sets of partial channels will be 
minimal and only coding methods with coarse quantization of 
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the signal space will be used. In the extreme case, the number 
of sets of partial channels will be the same as the required 
minimum number of 2 and two different coding methods, in the 
extreme case a 2 2 QAM and a 2 3 QAM method, will be used for 
coding purposes, it being possible to specify the upper 
frequency limit of the first set of partial channels or the 
lower frequency limit of the second set of partial channels 
according to the requirement. If the aim is to achieve the 
highest possible data rate, the upper frequency limit of the 
first set of partial channels is chosen to be as high as 
possible such that all the partial channels of the first set 
of partial channels have only a small implementation margin in 
terms of the threshold signal-to-noise ratio determined by the 
coding method. The accuracy with which this can be performed 
is determined by the accuracy with which the transmission 
behaviour of the overall channel is known. 

If it is known that a transmission channel has partial 
channels with poor or very poor transmission behaviour, the 
obvious thing to do is to exclude these partial channels from 
the allocation to the sets of partial channels and thus from 
the transmission. A different bunching of the sets of partial 
channels, depending on their exact transmission behaviour, 
combined with an extension of the exploitable frequency range 
of the transmission channel, thus becomes possible. 

The method according to the present invention thus also 
provides flexibility in that it is not necessary to combine 
the information symbols of all the carriers, as in the prior 
art, but that partial channels or carriers between two sets of 
partial channels can be left "untreated" or are not supplied 
with information of any kind. This concept can also be 
extended in that a number of bands are not combined in a 
transmission channel. 
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Finally, the transmit /receive concept according to the present 
invention is applicable not just to multi-carrier methods, 
such as the OFDM method, but also to other coding methods and 
modulation methods and also other transmission channels having 
partial channels with different transmission behaviour, i.e. 
different transmission quality, e.g. to classical coding 
methods with different-stage pulse amplitude modulation 
methods and to transmission channels with time-dependent 
transmission behaviour, i.e. channels where the transmission 
quality of the individual partial channels varies with time. 
Examples are the radio channel and the various propagation 
modes on a 4-wire line. 

An advantage of the present invention is that it makes 
possible a better utilization of the capacity of the 
transmission channel or of the partial channels of the 
transmission channel and thus a higher transmission rate, in 
particular when the permissible spectral power density of the 
transmitted signal or the total power of the transmitted 
signal is limited. 

A further advantage of the present invention is that the part 
of the transmission rate gained by the present invention can 
be used fully or partially as additional redundancy so as to 
increase the reliability of the transmission. 

A further advantage of the present invention is that the 
increase in the available transmission rate in the whole 
transmission channel, or in partial channels of the 
transmission channel, for a given transmission rate can be 
used to reduce the maximum necessary bit loading factor, so 
that the implementation outlay and the costs e.g. of the A/D 
and D/A conversion as well as the outlay needed for the 
numerical signal processing can be reduced. 
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A further advantage of the present invention is that 
suboptimal systems with very low bit loading factors and large 
bandwidth efficiency can be realized for the transmission of 
information over linearly distorting disturbed channels. 

A further advantage of the present invention is that signals 
with lower bit loading factors can be used, which makes it 
possible to employ a coarser-stage amplitude quantization and, 
consequently, to tolerate greater linear or non-linear signal 
distortions . 



Brief Description of the Drawings 

Preferred embodiments of the present invention are described 
in detail below making reference to the enclosed drawings, in 
which 

Fig. 1 shows a schematic block diagram of the 

transmit /receive concept according to the present 
invention using the example of a multi-carrier 
modulation by means of the OFDM method; 

Fig. 2 shows a graphic representation of the bandwidth gain 
from the transmit concept according to the present 
invention; 

Fig. 3 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to an 
embodiment of the present invention; 
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Fig. 4 shows a comparison of the carrier occupancy according 
to the present invention, shown in Fig. 4, and the 
carrier occupancy in the traditional DMT method, 
sketched in Fig. 8; 

Fig. 5 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to another 
embodiment of the present invention in which small bit 
loading factors are desired; 

Fig. 6 shows how the achievable data rate varies with maximum 
bit loading factor for the traditional carrier 
occupancy sketched in Fig. 8, for the carrier occupancy 
according to the first embodiment of the present 
invention sketched in Fig. 3, and for the carrier 
occupancy according to the second embodiment of the 
present invention sketched in Fig. 5; 

Fig. 7 shows a traditional OFDM transmission path; and 

Fig. 8 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to the known 
OFDM concept of Fig. 7. 



Detailed Description of Preferred Embodiments 



Fig. 1 shows an overall view of the transmit /receive concept 
according to the present invention. On the left hand side of 
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Fig. 1 there is a device for transmitting information from a 
source 100, which has a unit 102 for grouping the information 
and converting it into signal values, most generally for 
serial/parallel conversion, which correspond to the 
subsequently used coding methods, and a first coding unit 
103a, a second coding unit 103b, a first combination unit 
104a, a second combination unit 104b and also a unit for 
allocating the combined coded information symbols to the 
partial channels, which in the case of an OFDM method might be 
a unit for performing an inverse discrete Fourier transform, 
which is designated in Fig. 1 by the reference numeral 106. 

As will be explained later, the first and the second coding 
methods, and when there are more than two coding methods the 
further coding methods, allocate to the respectively generated 
coded information symbols certain, coding method related, 
amounts of information. In the exemplary case, where the 
information is in the form of bits, the amounts of information 
differ in the number of bits. The unit 102 for grouping will 
then distribute the information bits among the partial 
channels in such a way that, for each partial channel, the 
number of information bits required for the coding method 
employed, are grouped together. If partial channels are 
subjected e.g. to a 2 2 QAM coding method, the grouping unit 
will supply each of these partial channels with 2 information 
bits. If, on the other hand, partial channels are subjected 
e.g. to a 2 5 QAM coding method, the grouping unit will supply 
each of these partial channels with 5 information bits. The 
coded information symbol, which is generated by the encoder, 
thus has an amount of 2 information bits allocated to it in 
the first case and an amount of 5 information bits in the 
second case. The grouping unit therefore performs the function 
of allocating to each of the used partial channels the amount 
of information which the coding method employed for the 
respective partial channel requires it to have. 
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The output signal of unit 106 is transmitted over the channel 
108 to the input of the receiver. This channel can take 
different forms, e.g. it might be a cable channel in the form 
of a telephone line or power supply line, or it might be a 
radio channel. In these cases it would be necessary to 
supplement Fig. 1 with units for matching the transmitted 
signal and the received signal to such a channel. Transmission 
over the channel causes the signal to be attenuated and 
distorted. In addition, various types of interference are 
additively imposed on the signal. The output signal of the 
channel, denoted by w, forms the input signal of the unit 110 
of the receiver. 

The receiver includes a unit 110 for extracting the received 
symbols and allocating them to the individual partial 
channels. In the OFDM case shown here this is a unit which 
performs a discrete Fourier transform. It is followed by a 
channel equalizer to bring all the partial channels, 
irrespective of the individual signal attenuations occurring 
during transmission, to the same level. The channel equalizer 
112 is followed by a first unit for performing an inverse 
combination 114a and a second unit for performing an inverse 
combination 114b, the outputs of which in turn are connected 
to a first decoder 115a and a second decoder 115b, which, on 
the output side, supply decoded information symbols which are 
converted, by a unit 116 for parallel/serial conversion of the 
decoded information symbols, into a serial data stream which 
can then be fed to an information sink 118. 

If the transmission is secured by methods for forward error 
correction (FEC: Forward Error Correction) or by methods for 
automatically repeating the transmission (ARQ: Automatic 
Request) or a combination of such methods, the obvious places 
to locate the required units are between the units 102 and 
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103a and 103b on the transmit side and between the units 115a 
and 115b and 116 on the receive side. 

By definition the partial channels which are encoded by the 
first encoder 103a are referred to as the first set of partial 
channels. In the very schematic example shown in Fig. 1, in 
which there are only seven partial channels, the first four 
partial channels seen from the top form the first set of 
partial channels with the numbers 1 to 4 . The last three 
partial channels form the second set of partial channels, i.e. 
the partial channels with the numbers 5, 6 and 7. 

The two encoders 103a and 103b differ in that the amount of 
information which they respectively assign to a coded 
information symbol differs. Whatever modulation method is used 
in a set of partial channels, this assignment is made as 
follows: a certain number of information symbols of unit 102 
are combined and the corresponding partial channel from the 
set of partial channels has a corresponding (dependent on the 
quantization of the signal space by the modulation method) 
generally complex-value signal value assigned to it at the 
corresponding output. The number of outputs of the encoder 
103a corresponds to the number of partial channels in the 
first set of partial channels and normally differs from the 
number of assigned inputs, the difference depending, for each 
set of partial channels, i.e. for each encoder, on the 
particular modulation method chosen for the partial channel. 
In the case of the QAM modulation method used for a 
transmission according to the ADSL standard, the two encoders 
103a and 103b differ in that QAM methods with different 
quantization of the signal space are used, something which is 
described in terms of different bit loading factors in the 
description of the ADSL standard. For example, if a 2 X QAM 
modulation method is used in the first set of partial 
channels, the encoder 103a might always consider x information 
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symbols together and, dependent on these, generate one of 2 X 
possible signal levels for the output signal of the associated 
partial channel, while the encoder 103b would then always 
combine (x-y) information symbols for the second set of 
partial channels and, depending on these, generate another of 
2 (x-y) p OSS ible signal levels at the output of the associated 
partial channel. 

The two combiners 104a, 104b effect a combination of the 
partial channels in the respective set of partial channels. 
Mathematically this combination can be described for each of 
the combiners 104a and 104b as the matrix multiplication of a 
vector t of respective input signals with a matrix P, 
resulting in a respective vector of output signals for the 
corresponding set of partial channels. The matrices of the 
various combiners can differ individually or be the same. The 
exact choice of combination specifications or the respective 
matrices P of the combiners 104a and 104b must be undertaken 
in conformity with the inverse combination specifications of 
the receiver units 114a and 114b, and, as will be shown, 
orthogonal and normalized, i.e. orthonormalized or complex 
unitary matrices, offer advantages. Through this combination 
every item of information of each output signal of the encoder 
103a or 103b is impressed on each output signal of the 
respective combiner 104a or 104b, i.e. each item of 
information of each partial channel of the respective set of 
partial channels is impressed on each partial channel of the 
respective set of partial channels. Here the power 
distribution of each coded symbol of each partial channel 
should normally be uniform among the individual partial 
channels of the sets of partial channels. Even if only one 
combination specification is always referred to in the 
following, what is said applies to both combination 
specifications or, in the general case, to each of the n 
combination specifications involved. 
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The transmit/receive concept shown in Fig. 1 is also referred 
to hereinafter as the COFDM transmission path (COFDM = Coded 
Orthogonal Frequency Division Multiplexing) . This is suitable 
for a DSL channel but can also be employed for other channels 
with partial channels which differ as to their transmission 
characteristics . 

The sequence of information symbols is grouped, in a unit 102 
for grouping the sequence of information symbols, into a group 
of information symbols per partial set and is then encoded per 
partial set to obtain a vector t of coded information symbols 
for each partial set. The number of elements or coded 
information symbols of this vector t corresponds to the number 
of partial channels of the respective set of partial channels, 
in the case of a COFDM method the number of transmission 
channel carriers or carrier frequencies used in this partial 
set . 

The vector t is then processed per partial set in a unit 104a 
or 104b for combining the coded information symbols of the 
vector t according to a combination specification. These units 
104a, 104b for combining may e.g. map the vector t onto some 
other vector u via a respective matrix P. In this mapping the 
individual elements or coded information symbols of the vector 
t are combined together to create a number of combined 
information symbols or elements of the vector u equal to the 
number of carriers or partial channels in this set of carriers 
or partial channels. The combination specification distributes 
the information of the individual coded information symbols 
among the combined coded information symbols. This 
distribution might be effected e.g. by mapping the vector t 
onto the vector u via an orthogonal and normalized, or 
orthonormal, matrix P. 
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It should be noted that the present invention does not require 
the combination matrices for the sets of partial channels or 
carriers to be exactly orthonormal ; all that is- necessary is a 
sufficient degree of orthonormality, although it is likely 
that the best results when undoing the combination in a set of 
partial channels will be achieved for highly orthonormal 
matrices . 

The matrix P here may e.g. be a Hadamard matrix or a PN matrix 
(PN = Pseudo-Noise = a matrix derived from a random sequence) 
or some other sufficiently orthonormal matrix which is inverse 
to the matrix Q of the associated unit (114a, 114b) . 

The vector of the combined coded information symbols u is then 
submitted to a unit 106 for impressing the combined coded 
information symbols, i.e. the elements of the vector u, onto 
the corresponding partial channels or carriers of the sets of 
partial channels or carriers to create a modulated signal 
which represents the sequence of information symbols. This 
signal is denoted by a vector v. In the case of COFDM methods 
e.g. the unit 106 for impressing the information symbols 
performs an inverse discrete Fourier transform (IDFT) . 

The modulated signal v is then transmitted over a transmission 
channel 108 with a frequency response a(f), e.g. a DSL channel 
or some other wired channel such as a telephone line or a 
power supply line or some other channel with a frequency 
dependent transfer function and/or frequency dependent channel 
interference noise, such as a radio channel. The present 
invention is not, however, restricted to channels whose 
individual partial channels have different carrier 
frequencies. The present invention is suitable for all 
transmission channels which have partial channels with 
different transmission characteristics. 
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At the end of the channel a signal, possibly distorted by the 
channel, is received, on which various types of interference 
have been additively superimposed. A vector w representing the 
signal is fed into a unit 110 for extracting the combined 
coded information symbols from the modulated signal or the 
vector w using the plurality of orthogonal or at least 
sufficiently orthogonal carriers. The unit 110 for extracting 
now performs the inverse operation of unit 106 for impressing, 
i.e. for the COFDM method e.g. a discrete Fourier transform 
(DFT) or some other transform which is sufficiently inverse to 
the operation performed by unit 106. The result of the 
extraction is a vector x whose elements are the combined coded 
information symbols assigned to the individual partial 
channels or, in the case of COFDM, to the individual carriers. 

The unit for extracting knows, e.g. through specification when 
designing the transmission system or through auxiliary 
information in the received channel or in a separate auxiliary 
channel, how the transmission channel was subdivided into the 
sets of partial channels in the transmitter. On the output 
side it supplies the input signals for the at least two 
inverse combiners (114a, 114b), which in turn feed the at 
least two decoders (115a, 115b), as is shown in Fig. 1. 

If the channel is not disturbed or distorted, the vector x is 
the same as the vector u. The elements of the vector x, i.e. 
the individual partial channels, in the case of COFDM e.g. 
according to the respective assignment to a carrier of the 
transmission channel, are, however, disturbed differently by a 
frequency dependent attenuation of the channel and by 
additively superimposed types of interference and furthermore 
a disturbance due to white interference noise is superimposed 
on the individual components of the vector. Through the 
preceding combination of the information symbols in unit 104 
for combining, the information symbols of the group of 
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information symbols or of the vector t are e.g. distributed 
uniformly or nearly uniformly over all the combined 
information symbols, e.g. the elements of the vector u. 
Although the combined coded information symbols are disturbed 
and distorted differently by the channel, depending on the 
carrier, the original coded information symbols of the group 
of information symbols can be equalized by the channel 
equalization in block 112 in such a way that the output signal 
of the channel equalizer has a constant power density as a 
function of frequency, something which will be described in 
more detail later. 

The demodulated signal or the vector x of the received 
combined coded information symbols is thus fed into a channel 
equalizer 112 which e.g. equalizes the frequency response a(f) 
of the channel. After the channel equalizer 112 the 
demodulated equalized signal or the vector y is fed, depending 
on the partial set, into a unit 114a or 114b for processing 
the combined information symbols. The processing 
specifications of these units 114a, 114b for processing are 
inverse to the combination specifications of the units 104a, 
104b for combining so as to reverse the combinations in the 
partial sets and so as to be able to extract the coded 
information symbols of the sequence of coded information 
symbols from the combined coded information symbols. 

The processing specification of the unit 114a, 114b is a 
reversal or approximate reversal of the combination 
specification of the unit 104a, 104b, i.e. e.g. a matrix 
operation with an orthonormal or sufficiently orthonormal 
matrix Q which is inverse or nearly inverse to the matrix P, 
i.e. where Q is approximately P" 1 , such as e.g. an inverse 
Hadamard matrix, an inverse PN matrix or some other 
sufficiently orthonormal matrix. What emerges again finally is 
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the sequence of coded information symbols, referred to here as 
vector z . 

As can be seen from Fig. 1, the coded information symbols of 
each set are now fed into their respective decoders 115a, 
115b, which, broadly speaking, reverse the coding of the 
equivalent encoders 103a, 103b in so far as the superimposed 
interference allows. 

A unit 116 for revoking the grouping then converts the group 
of information symbols into a sequence of information symbols 
again which are received by a receiver or a sink 118. 

In the following Fig. 2 will be considered. This shows a 
section of a transmission channel or a transmission channel, 
which for the sake of example just extends from 4.5 MHz to 5.5 
MHz. A curve 200 shows the frequency dependent carrier noise 
power as a function of frequency which results after 
equalization of the frequency dependent attenuation of the 
transmission channel by the unit 112. For the example 
considered here, where the transmitted power is constant over 
all carriers, where the transmission channel has an 
attenuation which increases with frequency and where the 
thermal noise is independent of frequency, curve 200 results 
after the transmission channel has been normalized in the 
receiver in such a way that the total power is constant with 
respect to frequency. Expressed simply, the transmitted signal 
in the transmission channel is attenuated more and more as the 
frequency increases. Channel equalization leads to an 
amplification of the signal power, and thus also of the noise 
power, which means that, although the noise of the receiver is 
constant with respect to frequency, the carrier noise power 
increases with the frequency, this corresponding to a signal- 
to-noise ratio which decreases as the frequency increases. The 
concept according to the present invention is not, however, 
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confined to a channel with a monotonically decreasing signal- 
to-noise ratio, but applies to any sort of channel where the 
transmission quality is distributed over the partial channels. 

Th basic idea of the present invention will now be described 
in more detail by means of Fig. 2. In this figure the noise 
power distribution within a certain frequency range is shown 
for the case where the channel 108 in Fig. 1 is equalized by 
the channel equalizer 112 in such a way that the overall 
transfer function has a constant value. Such an equalization 
of the frequency response necessarily entails an increase in 
the spectral noise power in the upper frequency range. This 
increase in the spectral noise power density is shown in Fig. 
2. Also shown is the permissible spectral noise power density 
for a particular transmission method. Since this power density 
depends only on the chosen coding method or modulation method 
and the permissible transmission error probability, the result 
in the diagram is a constant value independent of the 
frequency. It should be noted that the permissible 
transmission error probability corresponds to a predetermined 
reliability when decoding the information symbols. 

Below a certain frequency F G the actual noise power density is 
less than the permitted value. This results in a higher than 
necessary reliability of the coded information symbols which 
are transmitted in this frequency range by means of 2 K QAM or 
some other coding method. 

In methods according to the prior art it is not, however, 
possible to make the transition to a higher-stage 2 X+1 QAM 
coding method, i.e. to a coding method which assigns more 
information to a coded information symbol and thus has a finer 
quantization of the signal space, since this entails a 
reduction in the noise power density by a factor of 2 in the 
case of QAM coding. This only occurs below the frequency F 0 - 
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In methods according to the prior art a 2 x -stage coding method 
can no longer be employed above the frequency F G since the 
coded information symbols cannot be transmitted- with the 
required reliability due to the higher than permissible 
spectral noise power density. In this frequency range a 2 X_1 
QAM coding method must be used in the prior art. 

According to the present invention a unif ormization of the 
spectral noise power density as a function of frequency is now 
achieved by additional orthogonal transformations using one of 
the orthonormal (orthogonal and normalized) matrices P and Q, 
see Fig. 1 units 104a and 104b and 114a and 114b. This is 
achieved by permitting the noise power density to increase up 
to the maximum permissible value for a 2 X QAM coding method for 
partial channels above F 0 and below F G , while above F G on the 
other hand the noise power density up to a frequency F G i can be 
lowered to the maximum permissible value. By transforming an 
information vector using the matrix Q, each item of 
information is here impressed on all the coded combined 
information symbols, i.e. on all the partial channels within 
the set of partial channels under consideration, by the units 
104a and 104b. The set of partial channels considered in Fig. 
2 thus stretches from a carrier with the frequency F 0 up to a 
carrier with the frequency F G i for the method according to the 
present invention, in contrast to methods according to the 
prior art, which only use the range up to the frequency F G . It 
should be noted that in the prior art the partial channels 
between F G and F G1 had to be coded with a low-stage coding 
method whereas according to the concept according to the 
present invention these carriers can be coded with the same 
coding method as the carriers in the range from F 0 to F G , 
which results in a gain in the available transmission rate. 
The net gain in the available transmission rate effected by 
the present invention corresponds to the difference between 
the amount of information which is assigned by the two coding 
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methods multiplied by the number of carriers, i.e. partial 
channels, in the range from F G to F G i - 

In the receiver a corresponding reverse transformation is now 
needed. This reverse transformation is accompanied by a 
weighted addition of the interference amplitudes of the 
individual modulation symbols. If the reverse transformation 
matrix, e.g. the matrix Q in Fig. 1, possesses the property 
that all the elements of each line have the value 1, i.e. if 
the matrix Q is orthonormal or unitary, the weighted addition 
of the noise interference contributions results in an 
averaging. Consequently it is possible to use a particular 2 X 
coding method for the transmission beyond the frequency F G for 
carriers up to the frequency F G i- The difference between the 
rate efficiency of the 2 X modulation method and the rate 
efficiency of the 2 X_1 QAM modulation method otherwise used in 
the frequency range F G . . F G i multiplied by the bandwidth F G1 - 
F G thus gives the rate gain which can be achieved by the 
present invention, as has already been stated. 

The uniformization of the superimposed noise power by means of 
an orthonormal transformation will now be explained in more 
detail. It should be noted that the following derivation 
applies to every set of partial channels or carriers 
individually and that there is no uniformization beyond set 
boundaries . 

The transmitted signal existing as a vector t with complex 
components is transformed into the vector u by means of an 
orthonormal matrix P. 

u=Pt (1) 

Through this transformation according to equation (1) and the 
orthonormality properties of matrices (cf. Equation 3), each 
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component of the vector t is mapped uniformly onto all the 
components of the vector u, i.e. each individual bit of 
information of a component t(i) is impressed onto all the 
components of the vector u and is thus transmitted in all the 
partial channels or on all the carrier frequencies of a set. 

A characteristic of orthonormal or unitary matrices, such as 
the matrix P, is the mathematical property that when the 
vector t is transformed the power it contains is preserved 
regardless of how it is distributed among the individual 
components . 

The following equation thus holds for every component of u, 
p(u[j]) being the power of the j-th component of the vector u: 

1 JV_1 

P(«[7l) = «bW = jf E *MC ( 2 ) 

i=0 

This can e.g. be achieved for matrices with real coefficients 
by requiring that 

|pyl = l Vi,j (3) 

Matrices which fulfil this requirement are e.g. Hadamard 
matrices and PN matrices. 

The Hadamard matrix H 2 of rank 2 is defined as follows: 

H2 = 7l[i - 1 ! (4) 

Hadamard matrices of rank 2 n+1 can be formed from this using 
the following recursion formula: 

_ i r h 2 , ] 
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PN matrices ( PN = Pseudo Noise) are formed from a 2 n ~ I symbol 
long section of a (binary) PN sequence. The first row (or also 
the first column) of the matrix corresponds here to the 2 n_1 
long section of the sequence, the other rows resulting from 
cyclic displacement of the respective preceding row (or 
column) . This cyclic displacement furthermore results in a 
cyclic matrix, which brings advantages in terms of the 
practical implementation. For a sequence of length N = 7 the 
sequence is e.g. a pseudo-random sequence. 

a{y) = (1,1,-1,-1,1,-1,1) (6) 



This results in the following PN matrix of rank 7: 



l - 
-1 



Depending on which orthonormal matrix P, see Fig. 1, was used 
in the transmitter for the transformation, the corresponding 
inverse matrix Q = P" 1 must be used in the receiver. These 
inverse matrices are also, in general, orthonormal matrices. 

For Hadamard matrices e.g. the corresponding inverse is the 
Hadamard matrix itself. 



For cyclic PN matrices the inverses are again cyclic PN 
matrices . 
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For the present invention it is advantageous if the matrix Q = 
P _1 in the receiver exhibits the best possible orthonormal 
properties, i.e. that, independently of the power distribution 
of the components in y, the following relation holds true, 
p(z[j]) standing for the power of the component j: 



Piz\j})=z\j}z\j}* = X>[«W 



(10) 



This can, as for the matrix P in the transmitter, be achieved 
by requiring that 



teil = i vf,j 



In general the inverse of an orthonormal matrix is again an 
orthonormal matrix. In this case one of the two matrices can 
be chosen freely, the other matrix resulting accordingly. If 
only approximately orthonormal matrices are used, however, a 
specific assignment of the matrices to P and Q can bring 
advantages . 

The fulfilment or approximate fulfilment of the requirement of 
orthonormality of the matrix Q permits the unif ormization of 
the spectral noise power density or interference power density 
within a set of partial channels described hereafter. The 
following remarks apply therefore to each set of partial 
channels which is subject to a combination by means of a 
combination specification. 

Assuming that, under practical boundary conditions, the 
interference noises of the individual channels are 
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uncorrelated, the resulting interference noise in the k-th 
component of the output vector z is given by 



(12) 



1 



The interference power of the j-th component of the vector z 
is given by 



(15) 



Since the index i in equation (15) can be chosen at will, it 
follows immediately from equation (15) that the interference 
powers of all the components of z are the same, i.e. 




(16) 



This uniformization of the noise power in the partial channels 
under consideration is a mathematical property of orthonormal 
matrices . 

The uniformization described for the example of an isolated 
partial channel in Fig. 2 makes an overall shift to higher 
frequencies possible in the allocation of the individual 
partial channels. 

Fig. 3 shows the frequency dependent S/N ratio, which 
determines the upper frequency limit of the partial channels 
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in traditional OFDM methods and the utilizable carrier 
occupancy in the concept according to the present invention or 
the way in which the maximum possible bit loading factor 
varies with frequency in the preferred embodiment of the 
present invention. From Fig. 3 it can be seen how the upper 
frequency limits of the individual sets of partial channels 
have extended themselves beyond the monotonically decreasing 
curve for the S/N ratio. This curve determines the upper 
frequency limit of the partial channels in traditional methods 
{Fig. 8). 

Fig. 3 shows a partitioning of a transmission channel in 12 
sets of partial channels, of which only the first three have 
been labelled 304a to 304c. In particular the set of partial 
channels labelled 304b in Fig. 3 comprises partial channels 
with carrier frequencies from about 4.3 to 4.75 MHz. It is 
assumed that, for the set of partial channels comprising the 
partial channels with the highest carrier frequencies, 
labelled 304a in Fig. 3, a 2 2 QAM method is used. It is 
furthermore assumed that a 2 3 QAM method is used for the set 
304b of partial channels. As a result of the S/N ratio vs. 
frequency for the channel 300, there is a threshold S/N ratio 
306 of about 17 dB for the coding method used for the set 304b 
of partial channels. The carriers in the set 304b of partial 
channels must therefore have a S/N ratio at least equal to the 
threshold S/N ratio in order that a predetermined reliability 
can be achieved when decoding the information symbols. 
Analogously, the threshold S/N ratio for the set 304a of 
partial channels is about 14 dB. There is thus a particular 
threshold S/N ratio for each set of partial channels, i.e. for 
each coding method which is used. As can be seen from Fig. 8, 
the carrier occupancy according to the prior art was subject 
to the requirement that the carrier with the highest frequency 
in a set of carriers had a S/N ratio greater than or equal to 
the threshold S/N ratio. 
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In contrast, the sets of partial channels according to the 
present invention include at least one partial channel whose 
S/N ratio without combination is smaller than the threshold 
S/N ratio and which, as a result of combination, is greater 
than or at least equal to this threshold S/N ratio. The 
advantage of this is that this partial channel can be coded 
with the next higher coding method compared to the prior art. 

This at least one partial channel forms a range I which 
extends above the curve 300. If this partial channel is 
compared with the situation without combination shown in Fig. 
8, it can be seen that a partial channel in the range I of the 
set 304b has a higher S/N ratio as a result of combination in 
the partial channel, as a consequence of which this partial 
channel in the example shown in Fig. 3 can be coded not with 
the lowest stage coding method but with a coding method one 
stage higher, which means that the data rate of the system has 
increased compared to the prior art, as has already been 
described. 

Fig. 4 shows a comparison of the carrier occupancy for the 
traditional DMT method and for the COFDM method according to 
the present invention. Fig. 4 shows the resulting distribution 
of the bit loading factors vs. frequency for the traditional 
and the novel method. The rate gain can be read directly from 
the figure, being the area enclosed by both curves along the 
staircase. The enclosed area corresponds to the channel 
capacity which cannot be exploited directly with traditional 
methods . 

The gain in the transmission rate which can be achieved in 
this way can be used both to increase the transmissible useful 
information rate and to improve the reliability of the 
transmission when using error security methods such as FEC or 
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ARQ (ARQ = Automatic Repeat Request in the event of a 
transmission error). A combination of the two goals, i.e. an 
increased information rate allied to a redundancy coding, may 
also make sense in certain applications. In FEC methods an 
error correction is achieved by means of additional redundancy 
which is transmitted together with the information. For 
realistic S/N boundary conditions just part of the additional 
transmission rate gained is sufficient to compensate with an 
FEC for the loss in reliability of the modulation symbols in 
the frequency range F 0 to F G due to frequency range 
uniformization. It should be stressed that the S/N ratio of 
these carriers is in any case only lowered to the permissible 
limit but not below this. The part of the rate gain which is 
not needed for the FEC is available as net rate gain. 

This may be explained by referring to Fig. 2. In Fig. 2 the 
S/N ratio at the receiver input is shown as a function of the 
frequency. If the available frequency range is subdivided into 
N sets of partial channels in the range F 0 ...F G i, each of these 
N sets of partial channels has its own S/N ratio. The noise 
power density within these sets of partial channels can be 
assumed to be constant. Within a set of partial channels one 
or more carriers with their impressed coded combined 
information symbols can be transmitted, it being assumed that 
the transmission is a binary one (bit loading factor 1) and 
that the modulation symbols are to be transmitted with a 
certain reliability p < p max . Only the frequency range f 
greater than or equal to F 0 will be considered. 

In traditional methods each individual symbol, i.e. each 
individual carrier in the case of DMT, is considered in 
isolation in the discriminator of the receiver. This requires 
that each partial channel or carrier must have a certain S/N 
ratio if the bit error probability of the transmission p is to 
satisfy the condition p < p ma x- The higher reliability of the 
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symbols transmitted below F G is not exploited in the 
traditional method outlined in Fig. 8. 

Due to the unif ormization according to the present invention, 
however, the frequency range up to the frequency F G1 can be 
used. When the frequency range up to F Gi is used, more than K 
symbols can then be transmitted with the required minimum 
reliability p < p m i n . 

If a certain application using traditional DMT methods is to 
make use of the higher reliability of the symbols transmitted 
below F G , this higher reliability can be achieved in the method 
according to the present invention by employing an FEC method 
in that all or part of the information transmitted in the 
frequency range between F G and F Gi is used as (additional) 
redundancy. 

It is apparent from Fig. 8, Fig. 3 and in particular Fig. 4 
that the method of increasing the usable frequency range or 
the usable information rate by unif ormization described 
hitherto does not yet lead to a reduction in the bit loading 
factor. 

According to a further embodiment of the present invention 
such a reduction is preferred, since the high bit loading 
factors in the lower partial channels are chiefly instrumental 
in determining the implementation outlay for the requisite D/A 
and A/D conversions and the arithmetic. A reduction in the bit 
loading factors is possible if the unif ormization extends over 
a wider frequency range or, in the limiting case, over the 
whole channel, the limiting case being marked by the fact that 
there are only two sets of partial channels, two combiners and 
two encoders. 
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Fig. 6 depicts the relationship between the achievable data 
rates (ordinate) and the specifiable maximum bit loading 
factors (abscissa) for the two strategies "unif ormization over 
several partial bands" and "unif ormization over the whole 
channel". In Fig. 6 there are two curves which increase 
monotonically from bottom left to top right and also a 
parabolic curve. The lower monotonically increasing curve 
shows the transmission rates achievable with the traditional 
method of Fig. 8 and the upper monotonically increasing curve 
those achievable with the novel method of Fig. 3, when the bit 
loading factors are restricted to a specified maximum value. 
The parabolic curve shows the transmission rates resulting 
from unif ormization of the whole transmission channel; see 
also Fig. 5, which shows an alternative carrier occupancy for 
the COFDM method. 

The point labelled 606 in Fig. 6 relates to the case in which 
the first set of partial channels has a bit loading factor of 
6, giving a data rate of about 20 Mbits/s. The bandwidth of 
the carriers used in the first set of partial channels ranges 
from 1 MHz to about 4.3 MHz, as is indicated at the bottom of 
Fig. 5. This corresponds to the curve 500 in Fig. 5. It should 
be noted that there still remains in the transmission channel 
a frequency band from 4.3 to 5.3 MHz which can no longer be 
occupied with a bit loading factor of 6, despite combination. 
According to the present invention a second set of partial 
channels is therefore introduced, which is positioned above 
the carrier frequency 4.3 MHz and which extends to about 5.3 
MHz if the second coding method has a bit loading factor of 3. 
However, in the interests of clarity, the second set is not 
included in the figure. The point labelled 608 in Fig. 6 takes 
account of the contribution of the second set of partial 
channels to the data rate. A comparison of the points 608 and 
606 shows that, compared with the case where the whole 
transmission channel is uniformized, a significant data rate 
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gain can be achieved through the method according to the 
present invention of using at least two sets of partial 
channels, which are encoded and combined differently. It 
should be noted that the combination of the whole transmission 
channel and the use of just one coding method leads to an 
undesirable restriction in the exploitable bandwidth, as can 
be seen from Fig. 5. 

If a certain transmission rate forms the design criterion for 
a transmission system, it can be seen from Fig. 6 that the new 
system makes possible a significant reduction in the necessary 
maximum bit loading factor at high transmission rates. In the 
case where the gross transmission rates are the same in the 
two systems (the same net transmission rates and the same 
redundancy for the FEC) , the situation can be seen clearly by 
drawing a horizontal line having the specified data rate as 
the value of the ordinate. The abscissa values of the meeting 
points of the two curves and the straight line represent the 
necessary bit loading factors. As can be seen at once, the new 
system intrinsically requires lower bit loading factors. The 
difference in the bit loading factors becomes increasingly 
significant as the data rate increases. 

In the case where the same bit loading factors are specified 
for both systems, the gross transmission rates are always 
higher for the embodiment according to the present invention 
which aims for the lowest possible bit loading factors. This 
can be seen by imagining a vertical line in Fig. 6 which meets 
the abscissa at a particular value of the bit loading factor 
(e.g. 5) . This line intersects the rate curves for the 
traditional concept (curve 600) and the concept according to 
the present invention (curve 602) . With the exception of the 
upper right section in the diagram, the rates for the novel 
system always lie well above the rates for traditional 
methods. Even after deducting an additional FEC redundancy of 
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the order of 1 % to 3 % for the system according to the 
present invention with FEC redundancy, there is still a 
significant net rate gain. 

A further possibility which presents itself is to shift the 
whole frequency range or just F G i downwards or to contract the 
bandwidth of the individual sets of partial channels until the 
same net transmission rates are achieved. As a result of the 
lower cable attenuation in the lower frequency range a greater 
distance could then be spanned. 

Finally, it should be noted that it is only in the area of 
very high data rates, at the upper right in Fig. 6, that the 
differences in the attainable gross transmission rates are 
relatively insignificant for the same bit loading factors. 
This small difference is a consequence of the fact that even 
the new method only exploits the available channel capacity to 
a certain extent, though it does this better than the 
traditional method (Fig. 8) . 

The parabola-shaped curve in Fig. 6 describes the case of 
uniformization of the whole transmission channel. The maximum 
and the breaking off of the curve at higher bit loading 
factors result from the markedly LP characteristic of the 
(cable) transmission channel. This will now be explained. The 
idea of the rate gain through uniformization rests on the fact 
that the S/N ratio is not the same in the whole frequency 
range (S/N = S(f)/N(f)) and in the lower frequency range it is 
mostly much higher than it need be for a particular bit 
loading factor. As a result it is possible to extend the 
usable frequency range, i.e. the frequency range in which 
S(f)/N(f) > S/Nmin = f (p ma x) • The result is a constant S/N = 
S/N min over the whole averaged range (it should be noted that 
in all the equations, S = signal, C = carrier and N = noise) : 
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If frequency ranges with a higher than average amount of 
(noise) interference are included in this averaging, the S/N 
ratio resulting from the averaging through an orthogonal 
transformation is, on the whole, worse. This makes it 
necessary to reduce the bit loading factor, and the net result 
is that, despite the disturbed partial channels being 
occupied, the transmission rate is lower. It follows from this 
that it makes sense not to assign any set of partial channels 
to such heavily disturbed partial channels or to assign to 
them a set of partial channels which employs a correspondingly 
lower-stage coding method. If the bit loading factor used in 
defining the sets of partial channels is too small, even 
though this results in a greater usable bandwidth or a 
correspondingly large number of usable partial channels for 
this set of partial channels, the net result is a smaller 
usable data rate, which is proportional to the product of the 
number of partial channels of the set and the bit loading 
factor, for this set of partial channels. This corresponds to 
the falling part of the curve 604 on the left in Fig. 6. If, 
on the other hand, the bit loading factor chosen when defining 
the sets of partial channels is too large, this results in 
only a small usable bandwidth or a small number of partial 
channels in the set of partial channels, again resulting in 
only a small usable data rate for this set of partial 
channels. This corresponds to the falling part of the curve 
604 on the right in Fig. 6. Depending on the transmission 
quality of the individual partial channels, there is an 
optimal bit loading factor for a first set of partial channels 
and a certain number of particular partial channels assigned 
to this first set of partial channels for which the 
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transmission rate of this set of partial channels is a 
maximum. In the example it can be seen from Fig. 6 that there 
is an optimal bit loading factor of 6 and a resultant 
transmission rate of ca . 20 Mbits/s, given by the apex of the 
curve 604. From Fig. 5 it can be seen that this results in an 
occupied bandwidth extending from ca . 1 MHz to ca . 4.3 MHz. 
The remaining partial channels or unoccupied frequency ranges 
or partial channels can now be assigned to other sets of 
partial channels. If they are assigned to a second set of 
partial channels in the frequency range between ca . 4.3 MHz 
and ca. 5.3 MHz and if a coding method with a bit loading 
factor of 3 is used for this second set of partial channels, 
the resulting data rate for this second set of partial 
channels is about 3 Mbits/s. This is represented by the line 
connecting the points 606 and 608 in Fig. 6. 

In this way, depending on the frequency dependent cable 
attenuation and indirectly on the length of the cable, an 
optimal first bit loading factor for the first set of partial 
channels and an optimal second bit loading factor for the 
second set of partial channels can be found. 

From the form of the parabolic curve 604 in Fig. 6 it can be 
seen that by sacrificing (theoretical) transmission rate of 
the order of about 4 0 % it is possible to implement very 
simple systems with low bit loading factors and high bandwidth 
efficiency (see Fig. 8 and 5) . According to the present 
invention the high bandwidth efficiency of these systems makes 
it possible, by using the unexploited upper frequency range, 
to increase the data transmission rate to values for which bit 
loading factors higher by a factor of 2 would be required in 
conventional systems. For example, with a maximum bit loading 
factor of 6 for a system with complete unif ormization (Fig. 6) 
and using the upper frequency range (4.4 MHz ... 5.4 MHz, see 
Fig. 4) for a method with bit loading factor 3, the result is 
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a total data rate of 20 Mbits/s + 3 Mbits/s = 23 Mbits/s 
(point 608 in Fig. 6) . This is a rate which requires a bit 
loading factor of 9 in traditional systems, as shown in Fig. 
5. 

The devices and methods according to the present invention 
make possible the efficient utilization of the channel 
capacity of e.g. noisy transmission channels for which the S/N 
ratio either decreases monotonically with the frequency, e.g. 
in xDSL channels, or which deteriorates within certain 
frequency ranges, e.g. in a radio channel or in various 
special cable channels with particular cabling structures or 
particular circuit features, especially in the power line 
channel, thus resulting in considerable implementation and 
cost benefits. 
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Claims 

A device for transmitting information over a plurality of 
partial channels which have different transmission 
characteristics and which together form a transmission 
channel, comprising: 

a unit for grouping the information as assigned to the 
partial channels; 

a unit for coding information assigned to a first set of 
partial channels by means of a first coding method to 
obtain a first set of coded information symbols, where a 
first coded information symbol of the first set of coded 
information symbols has a first amount of information 
assigned to it; 

a unit for coding information assigned to a second set of 
partial channels by means of a second coding method to 
obtain a second set of coded information symbols, where a 
second coded information symbol of the second set of coded 
information symbols has a second amount of information 
assigned to it which differs from the first amount of 
information; 

a unit for combining the coded information symbols of the 
first set according to a first combination specification so 
as to generate a first set of combined coded information 
symbols equal in number to the number of partial channels 
of the first set of partial channels; 

a unit for combining the coded information symbols of the 
second set according to a second combination specification 
so as to generate a second set of combined coded 
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information symbols equal in number to the number of 
partial channels of the second set of partial channels; and 

a unit for assigning the combined coded information 
symbols of the first set to the first set of partial 
channels and for assigning the combined coded information 
symbols of the second set to the second set of partial 
channels in such a way that each partial channel has a 
combined coded information symbol assigned to it, that each 
partial channel of the first set of partial channels has 
the whole information of the information symbols of the 
first set assigned to it, and that each partial channel of 
the second set of partial channels has the whole 
information of the information symbols of the second set 
assigned to it, 

where both the first and the second set of partial 
channels have at least one partial channel whose signal-to- 
noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally necessary 
for the coding method used by the set to which this partial 
channel belongs in order to achieve a predetermined 
reliability when decoding the information symbols, and 
whose signal-to-noise ratio as a result of combining is 
greater than or equal to the threshold signal-to-noise 
ratio . 

2. A device according to claim 1, wherein each partial 

channel of the transmission channel has a carrier with its 
own frequency assigned to it and wherein the unit for 
assigning has a unit for impressing the combined coded 
information symbols on the corresponding carriers so as to 
generate a modulated signal representing the sequence of 
information symbols. 



52 



A device according to claim 1, wherein the first coding 
method is a method with a 2 x -stage quantization of the 
signal space and wherein the second coding -method is a 
method with a 2 x_y quantization of the signal space, where 
x = 3, x > y. 

A device according to claim 3, wherein the number of 
partial channels in a set of partial channels is so chosen 
that the excess in the signal-to-noise ratio of carriers 
in the set is essentially completely used to compensate 
for the deficit in the signal-to-noise ratio of the at 
least one partial channel in the set in such a way that 
all the partial channels in the set have a signal-to-noise 
ratio which is greater than the threshold signal-to-noise 
ratio and which is as close as possible to the threshold 
signal-to-noise ratio. 

A device according to claim 3, wherein the transmission 
channel has a plurality of carriers with carrier 
frequencies from a lower threshold frequency to a higher 
threshold frequency, where the first set of partial 
channels has carrier frequencies from the lower threshold 
frequency up to and including a middle frequency and where 
the second set of partial channels has carrier frequencies 
above the middle frequency up to the upper threshold 
frequency and where the middle frequency is so specified 
that for the parameter x = 3 the signal-to-noise ratio of 
the carrier with the middle frequency is closest to the 
threshold signal-to-noise ratio for the first set of 
partial channels as a result of combining by means of the 
first combination specification and where the upper 
threshold frequency is so specified that the signal-to- 
noise ratio of the carrier with carrier frequency equal to 
the upper threshold frequency is closest to the threshold 
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signal-to-noise ratio for the second set of partial 
channels . 

6. A device according to claim 3, wherein the transmission 
channel has a plurality of carriers with carrier 
frequencies from a lower threshold frequency to an upper 
threshold frequency, where there is a number of units for 
encoding and an equally large number of units for 
combining the coded information symbols for the respective 
sets of partial channels, the number being so chosen that, 
for the set with the upper threshold frequency, a coding 
method with the coarsest possible quantization is employed 
in the respective coding unit and where a coding method 
which is successively a stage finer for smaller carrier 
frequencies is employed in a respective coding unit, so 
that, for the carrier at the lower threshold frequency, a 
coding unit is employed whose quantization is as fine as 
possible, with the result that the data rate for the full 
bandwidth of the channel from the lower threshold 
frequency to the upper threshold frequency is a maximum. 

7. A device according to claim 1, which also has a unit for 
performing a forward error correction for partial 
channels, where the unit for performing a forward error 
correction is so designed that part of the gain in data 
rate is used to introduce redundancy into the sequence of 
information symbols, whereas the rest of the gain in data 
rate is used to increase the information rate. 

8. A device according to claim 1, wherein the transmission 
characteristics of the partial channels, which affect the 
threshold signal-to-noise ratio, are known, where the 
amounts of information of the first and the second coding 
unit are specified from the start in order to be able to 
transmit a certain information rate. 
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9. A device according to claim 1, wherein the transmission 
characteristics of the partial channels, wh-ich affect the 
threshold signal-to-noise ratio, can be estimated roughly, 
so that the amounts of information and an assignment of 
partial channels to the first and second set of partial 
channels are so chosen that, as a result of combining, the 
signal-to-noise ratios of the partial channels exceed the 
estimated threshold signal-to-noise ratios for the partial 
channels by a security margin. 

10. A device according to claim 1, wherein a partial channel 
which is known to have a poor transmission characteristic 
is not assigned to any set of partial channels. 

11. A device according to claim 1, wherein the partial 
channels are assigned to the sets of partial channels 
according to their transmission characteristics, which are 
known beforehand, so that a set of partial channels has 
partial channels with similar transmission 
characteristics . 

12. A device according to claim 1, which also has a unit for 
dynamically registering the transmission channel and which 
also has a unit for dynamically determining the amount of 
information which is assigned by the first and second 
coding unit and for dynamically assigning carriers to the 
first and second set of partial channels, so that, as a 
result of combining, the signal-to-noise ratios of the 
partial channels are always greater than or equal to the 
threshold signal-to-noise ratios. 

13. A device according to claim 2, wherein the unit for 
impressing the combined information symbols on the 
corresponding carriers has a unit for performing an 
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inverse discrete Fourier transform, which is preferably 
implemented in the form of a fast discrete inverse Fourier 
transform. 

14. A device according to claim 1, wherein the first and the 
second combination specification of the units for 
combining are combination specifications for combining the 
information symbols in an essentially orthogonal and 
essentially normalized, i.e. in an essentially orthonormal 
or unitary, way. 

15. A device according to claim 14, wherein the first and the 
second combination specification are a Hadamard matrix or 
a pseudo random noise matrix or some other sufficiently 
orthonormal or unitary matrix whose matrix elements are 
equal to or close to 1. 

16. A device for receiving a transmitted signal with 
information, where a first set of coded information 
symbols of the transmitted signal is generated by a first 
coding method, where the first coding method has assigned 
a first amount of information to a coded information 
symbol of the first set of coded information symbols, and 
where a second set of coded information symbols is 
generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set 
are combined according to a first combination 
specification and coded information symbols of the second 
set are combined according to a second combination 
specification, where combined coded information symbols of 
the first set are assigned to a first set of partial 
channels and where combined coded information symbols of 
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the second set are assigned to a second set of partial 
channels, where both the first and the second set of 
partial channels have at least one partial -channel whose 
signal-to-noise ratio without the step of combining would 
be lower than a threshold signal-to-noise ratio which is 
minimally necessary for the coding method used by the set 
to which this partial channel belongs in order to achieve 
a predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio with the step of 
combining is greater than or equal to the threshold 
signal-to-noise ratio, comprising: 

a unit for extracting the combined coded information 
symbols of the partial channels from the received signal 
using the partial channels; 

a first unit for processing the combined coded information 
symbols of the first set using a first processing 
specification, which is the inverse of the first 
combination specification, so as to obtain the coded 
information symbols of the first set; 

a second unit for processing the combined coded 
information symbols of the second set using a second 
processing specification, which is the inverse of the 
second combination specification, so as to obtain the 
coded information symbols of the second set; 

a first unit for decoding the coded information symbols of 
the first set so as to recapture the information assigned 
to the coded information symbols of the first set, the 
first unit for decoding being designed to also decode the 
at least one partial channel of the first set of partial 
channels; and 
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a second unit for decoding the coded information symbols 
of the second set so as to recapture the information 
assigned to the coded information symbols erf the second 
set, the second unit for decoding being designed to also 
decode the at least one partial channel of the second set 
of partial channels. 

17. A device according to claim 16, wherein the unit for 
extracting the combined coded information symbols has a 
unit for performing a discrete Fourier transform, which is 
preferably implemented in the form of a fast Fourier 
transform. 

18. A device according to claim 16, wherein the first and the 
second combination specification are combination 
specifications for combining the information symbols in an 
essentially orthogonal and essentially normalized, i.e. in 
an essentially orthonormalized or unitary, way, and 
wherein the first and the second processing specification 
are the inverses of these combination specifications. 

19. A device according to claim 18, wherein the first and the 
second processing specification are inverse Hadamard 
matrices or inverse pseudo random noise matrices or some 
other sufficiently orthonormal or unitary matrices which 
are sufficiently inverse to the combination specification 
and whose matrix elements are equal to or close to 1. 

20. A device according to claim 16, which also has a unit for 
equalizing the received signal which is so designed that 
it normalizes the amplitudes of the signals of the partial 
channels, the unit for equalizing following the unit for 
extracting the combined coded information symbols. 
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A method for transmitting information over a plurality of 
partial channels which have different transmission 
characteristics and together form a transmission channel, 
with the following steps: 

grouping the information as assigned to the partial 
channels ; 

coding information assigned to a first set of partial 
channels by means of a first coding method to obtain a 
first set of coded information symbols, where a first 
coded information symbol of the first set of coded 
information symbols has a first amount of information 
assigned to it; 

coding information assigned to a second set of partial 
channels by means of a second coding method to obtain a 
second set of coded information symbols, where a second 
coded information symbol of the second set of coded 
information symbols has a second amount of information 
assigned to it which differs from the first amount of 
information ; 

combining the coded information symbols of the first set 
according to a first combination specification so as to 
generate a first set of combined coded information symbols 
equal in number to the number of partial channels of the 
first set of partial channels; 

combining the coded information symbols of the second set 
according to a second combination specification so as to 
generate a second set of combined coded information 
symbols equal in number to the number of partial channels 
of the second set of partial channels; and 
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assigning the combined coded information symbols of the 
first set to the first set of partial channels and 
assigning the combined coded information symbols of the 
second set to the second set of partial channels in such a 
way that each partial channel has a combined coded 
information symbol assigned to it, that each partial 
channel of the first set of partial channels has the whole 
information of the information symbols of the first set 
assigned to it, and that each partial channel of the 
second set of partial channels has the whole information 
of the information symbols of the second set assigned to 
it, 

where both the first and the second set of partial 
channels have at least one partial channel whose signal- 
to-noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally 
necessary for the coding method used by the set to which 
this partial channel belongs in order to achieve a 
predetermined reliability when decoding the information 
symbols, and whose signal-to-noise ratio as a result of 
combining is greater than or equal to the threshold 
signal-to-noise ratio. 

22. A method for receiving a transmitted signal with 

information, where a first set of coded information 
symbols of the transmitted signal is generated by a first 
coding method, where the first coding method has assigned 
a first amount of information to a coded information 
symbol of the first set of coded information symbols, and 
where a second set of coded information symbols is 
generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
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symbols, where coded information symbols of the first set 
are combined according to a first combination 
specification and coded information symbols- of the second 
set are combined according to a second combination 
specification, where combined coded information symbols of 
the first set are assigned to a first set of partial 
channels and where combined coded information symbols of 
the second set are assigned to a second set of partial 
channels, where both the first and the second set of 
partial channels have at least one partial channel whose 
signal-to-noise ratio without the step of combining would 
be lower than a threshold signal-to-noise ratio which is 
minimally necessary for the coding method used by the set 
to which this partial channel belongs in order to achieve 
a predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio with the step of 
combining is greater than or equal to the threshold 
signal-to-noise ratio, with the following steps: 

extracting the combined coded information symbols of the 
partial channels from the transmitted signal using the 
partial channels; 

processing the combined coded information symbols of the 
first set using a first processing specification, which is 
the inverse of the first combination specification, so as 
to obtain the coded information symbols of the first set; 

processing the combined coded information symbols of the 
second set using a second processing specification, which 
is the inverse of the second combination specification, so 
as to obtain the coded information symbols of the second 
set ; 

decoding the coded information symbols of the first set so 
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as to recapture the information assigned to the coded 
information symbols of the first set, the first unit for 
decoding being designed to also decode the -at least one 
partial channel of the first set of partial channels; and 

decoding the coded information symbols of the second set 
so as to recapture the information assigned to the coded 
information symbols of the second set, the second unit for 
decoding being designed to also decode the at least one 
partial channel of the second set of partial channels. 

23. A method according to claim 22, which also has the 
following step preceding the processing steps: 

normalizing the partial channels in such a way that, 
following normalization, the value of the power is 
substantially the same for each partial channel. 
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A device and a method for transmitting and 
a device and a method for receiving 



Abstract 



In a device for transmitting a sequence of information symbols 
over a plurality of partial channels having different 
transmission characteristics and together forming a 
transmission channel, the sequence of information symbols is 
grouped, whereupon a first set and a second set of the 
information symbols are coded using different coding methods. 
The coded information symbols are then combined in sets and 
are transmitted over a channel having two sets of partial 
channels. Both the first and the second set of partial 
channels have at least one partial channel whose signal-to- 
noise ratio without combining would be lower than a threshold 
signal-to-noise ratio which is minimally required by the 
coding method used for the set to which this partial channel 
belongs in order to achieve a predetermined reliability when 
decoding the information symbols and whose signal-to-noise 
ratio is greater than or equal to the threshold signal-to- 
noise ratio as a result of the combination step. The concept 
of transmitting and receiving according to the present 
invention permits an increased transmission rate since there 
is at least one partial channel in each set as a result of the 
setwise combination. 
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Channel allocation method and apparatus for coded and combined 
sets of information 

[Description] 
Field of the Invention 

The present invention relates to a device and a method for 
transmitting and to a device and a method for receiving and in 
particular to a multi-channel concept wherein different coding 
methods are employed. 



Background of the Invention and Prior Art 

The high-rate data transmission in existing telephone networks 
between the exchange and the terminal is becoming increasingly 
important with the introduction of new Internet services. For 
economic reasons only the existing copper cables are available 
initially for this purpose. However, these were originally 
dimensioned exclusively for the transmission of low-frequency 
speech signals and they are characterized by markedly low-pass 
behaviour. Using appropriate line codes, it is possible to 
transmit 144 kbits/s over distances of up to about 5 km (ISDN 
basic access) and, depending on the quality of the cable and 
the prevailing interference environment, 2 Mbits/s over 
distances of 2 - 3 km (ISDN primary group access) . These 
methods employ low-stage, usually ternary or quaternary, 
coding methods. 

Due to the rapid increase in the line attenuation with 
frequency and the rapid increase in the interference between 
the individual neighbouring line pairs of a cable these cited 
methods with their line codes are not, however, suitable for 
the transmission of still higher bit rates. 
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For the transmission of higher data rates the many-carrier or 
multi-carrier methods with spectral matching to the 
transmission channel, the theory of which has 1-ong been known, 
have been developed recently for practical application. 
Through their virtual division of the transmission channel 
into a plurality of individual partial channels, these methods 
permit better utilization of the transmission channel. 

In the following a description of traditional OFDM (Orthogonal 
Frequency Division Multiplexing) and DMT (Discrete Multi Tone) 
methods will first be given in which it is shown that a 
particular piece of information is transmitted over precisely 
one carrier frequency, i.e. one partial channel. 

The bit error probability of a digital transmission system is 
mainly determined by the chosen modulation method on the one 
hand and on the other by the interference superimposed on the 
received signal at the receiver. The choice of the modulation 
method here determines the bits which can be transmitted with 
each modulation symbol. Due to the lower line attenuation and 
the lower crosstalk between adjacent wire pairs, the partial 
channels in the lower frequency range exhibit a considerably 
higher signal-to-noise ratio (S/N ratio; S/N = carrier/noise) 
at the receiver than do partial channels in the higher 
frequency ranges. As a result it is possible to transmit more 
information per modulation symbol in low-frequency partial 
channels by employing higher-stage modulation methods. This 
leads to a higher overall transmission rate. In xDSL 
transmission methods (DSL = Digital Subscriber Line) only 2 X 
QAM modulation methods (QAM = Quadrature Amplitude Modulation) 
are employed. In these modulation methods a certain number of 
bits are imposed on a cos carrier and a sin carrier with one 
frequency by amplitude modulation. The number x of the pieces 
of information in bits which are imposed on a carrier 
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oscillation when modulating by means of a 2x-stage modulation 
method is called the bit loading factor or bit loading. 

In xDSL methods it is ensured, by appropriate choice of the 
transmission duration and of the frequency separation of the 
individual carrier oscillations, that sufficient orthogonality 
exists between all the carrier oscillations, at least in the 
case of a distortion-free transmission. It is thus possible to 
regard the individual carrier oscillations as independent 
partial channels within the whole transmission channel. The 
individual sin and cos carrier oscillations are generated not 
by separate modulation of N separately generated carrier 
oscillations but collectively by inverse discrete Fourier 
transform (IDFT) of a vector t with N complex-value 
components . 

Fig. 7 of the present invention shows a traditional OFDM 
transmission path or a traditional DMT transmission path. The 
transmission path has a source 7 00 which emits a sequence of 
information symbols. By means of a unit 7 02 for grouping, M 
information symbols supplied by the source 700 are 
respectively grouped together and mapped onto the N components 
of a vector t. In general M is not equal to N and during 
mapping the choice of modulation method is taken into account 
by means of a suitable coding, i.e. suitable weighting and 
allocation to the individual components of the vector t. A 
particular information symbol is here allocated to just one 
component of the vector t. The unit 702 for grouping is 
followed by a unit 704 for imposing the information symbols or 
the components of the vector t on the corresponding carrier 
frequencies of the transmission channel. Each component of the 
vector t is here imposed on just one carrier oscillation by 
means of an inverse Fourier transform (IDFT) . A modulated 
signal v is obtained, which is transmitted over a distorting 
transmission channel 706 at the end of which a distorted 



signal w emerges, the carriers or components of which are 
differently distorted by the channel depending on their 
carrier frequency. 

The signal w is demodulated by a unit 708 for extracting, i.e. 
a unit for performing a discrete Fourier transform (DFT) , so 
as to extract the information symbols or the individual 
carrier oscillations with the imposed information symbols. 
Then, in a unit 710 for equalizing or in a channel equalizer, 
the frequency-dependent distortion of the signal caused by the 
transmission channel is compensated to the extent that is 
necessary and/or possible so as to obtain an equalized signal 
z which is converted back into a sequence of information 
symbols by a unit 712 for revoking the grouping and is passed 
on to a sink 714 or receiver (the addressee of the message) . 

The valid standard for the transmission method ADSL (ADSL = 
Advanced Digital Subscriber Line) provides e.g. for the 
splitting of the frequency range 26 kHz to 1104 kHz into a 
total of 248 partial channels with a bandwidth of 4.35 kHz 
each. For the transmission in the low-frequency partial 
channels, the standard then provides for the use of a 2 15 QAM 
modulation method with an information rate or a bit loading of 
15 bits/modulation symbol, in contrast to the uppermost 
partial channels where simply a 4 QAM modulation method with 
an information rate of 2 bits/modulation symbol is employed. 
The number of stages of the modulation method employed in the 
various partial channels decreases in line with the decrease 
in the S/N ratio with frequency. Overall the result is a gross 
transmission rate of about 8 Mbits/s within a frequency range 
of 26 kHz to 1104 kHz, which corresponds to a bandwidth 
efficiency of about 7.6 bits/Hz. If one adopts the cable 
configurations cited in the standard, the resulting distance 
which can be bridged is about 6 km, depending on the line 
attenuation and the transmitted data rate. 
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Fig. 8 shows the S/N ratio of the channel, which defines the 
upper frequency limit of the partial channels, -as a function 
of the frequency, and the usable carrier occupancy for the 
traditional OFDM or DMT method. The steadily falling curve in 
Fig. 8 shows the variation with frequency of the S/N ratio 
resulting from the cable attenuation. An interference noise 
with constant spectral interference power density N 0 is assumed 
here. The step-shaped decreasing curve shows the usable S/N 
ratio for a 2 X modulation method. The abrupt decline of the 
step curve results from the fact that even for the low-stage 
modulation method 4 QAM (or 2 QAM) which is employed a certain 
minimum S/N ratio is necessary to ensure a particular bit 
error rate. This yalue results in part from the desired 
reliability of the transmission and implementation effort for 
the FEC (FEC = Forward Error Correction) . This minimum S/N 
ratio for the low-stage modulation method is termed the 
implementation margin in this description. In Fig. 8 a value 
of 14 dB has been adopted as an example. 

A disadvantage of the method described above is that, despite 
the spectral efficiency of about 7.6 bits/Hz, the method for 
the digital signal processing requires a digital-analog and 
analog-digital conversion with an accuracy of considerably 
more than 2x7 bits, i.e. a signal space quantization in 
excess of 2 15 , which corresponds to double the actual 
bandwidth efficiency of the transmission method. This 
precision is necessary to ensure that the whole of the 
information transmitted in the lower partial channels can be 
encoded and decoded without error. 

A further disadvantage of the method described above is that 
the digital-analog and analog-digital conversion must take 
place at a frequency which is at least twice that of the upper 
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partial channel. There are therefore serious implementation 
disadvantages . 

A further disadvantage of the method described above is that 
the whole of the signal processing up to the discriminator, 
e.g. the requisite Fourier transform, must be performed with a 
numerical precision which is such as to guarantee that any- 
rounding errors which occur do not hinder the error-free 
recording of the information in low-frequency partial 
channels. 

A further disadvantage of the method described above is that 
the modulation methods used for the individual partial 
channels can only be adjusted in steps of powers of 2. 
Consequently a change from a 2 x -stage modulation method to a 
2 x+1 -stage modulation method can only be made when the S/N 
ratio in the respective partial channel has increased by a 
factor of 2. A smaller increase in the S/N ratio cannot be 
exploited. 

In the specialist publication "Channel Coding and Modulation 
for Transmission over Multipath Channels", Jurgen Lindner, 
AEU, Vol. 49, No. 3, 1995, pp. 110-119, various methods for 
channel coding and modulation for transmission over multipath 
channels are described. The work is based on a coded 
modulation together with a linear block modulation with 
orthogonal functions. This incorporates normal multi-carrier 
methods according to the OFDM technique and also the 
generalization thereof, which is called the OCDM method, the 
"C" standing for "coding". In the OCDM method the 
"transmission load" is transmitted over all the OFDM partial 
channels in that the vector which includes all the symbols for 
parallel transmission over all the channels is multiplied by a 
unitary matrix. Each OFDM partial channel thus carries a part 
of each component of the vector, i.e. of each symbol. A 
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corresponding algorithm on the receive side consists of a 
matrix multiplication with a matrix which is the complex 
transposed conjugate of the matrix in the transmitter. Since 
all the symbols which are transmitted in parallel over a 
transmission channel are combined with each other, the total 
noise power of the channel will be uniformly distributed over 
all the partial channels after an inverse combination in the 
receiver . 

A disadvantage of this method is that it is not applicable to 
modulation methods described in Fig. 7 and Fig. 8. Because of 
the different signal-to-noise ratios, different partial 
channels require different coding methods to ensure that a 
symbol transmitted over such a channel can be decoded in the 
receiver with sufficient reliability. A unif ormization over 
the whole transmission channel would thus mean that only the 
carriers with higher carrier frequencies, for which coding 
methods which assign relatively little information have been 
adopted, can be decoded again correctly whereas lower 
frequency carriers, for which higher-stage coding methods have 
been adopted, can no longer be decoded correctly because of a 
violation of the threshold signal-to-noise ratio, i.e. of the 
signal-to-noise ratio which is minimally needed to achieve a 
correct decoding of this partial channel with a predetermined 
reliability, thus resulting in a serious loss of information. 

A further problem with the known method of combining all the 
carriers with each other is that, if a transmission channel 
has one or more frequency ranges in which there is a very high 
attenuation and/or a very high interference power, there may 
be a complete loss of information in the whole transmission 
channel if the result of the reverse combination in the 
receiver is an averaged signal-to-noise ratio which falls 
below a certain value. In other words, just a very few very 
bad partial channels may cause the bit error rate to fall 
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below a specified minimum value when decoding all the partial 
channels. The only remedy for this is either to increase the 
transmitted power in all the partial channels or to employ a 
coding method which assigns less information to an information 
symbol in such a way that the threshold signal-to-noise ratio 
suffices for a decoding with a specified minimum reliability. 

These two possibilities are not desirable, however, since an 
increase in the transmitted power may not be feasible, e.g. 
when a maximum spectral power density of the transmitted 
signal or a maximum overall power of the transmitted signal 
has been specified, or when the application requires a certain 
minimum transmission rate, which can no longer be achieved 
using low-stage modulation methods. 

EP 0 753 948 A discloses a method for allocating capacity for 
the OFDM. A mapper is fed with data elements to be transmitted 
and distributes individual data elements among a set of e.g. 
256 carriers, each item of information being impressed on just 
one carrier. This is achieved by means of a distribution 
algorithm. First of all the noise power is measured for each 
carrier. Then the carriers are fictitiously ordered in such a 
way that the carriers appear in an ascending sequence as 
regards the measured noise power. The data elements to be 
transmitted are then classified. This classification is made 
on the basis of the data represented by the data elements, 
e.g. whether the data relate to telephone banking or to normal 
telephone call data. Telephone banking data must always arrive 
completely unimpaired whereas normal telephone call data can 
tolerate some corruption in view of the far greater redundancy 
of telephone calls. The data are then subdivided i nto so- 
called fast data and so-called interleaved data . Telephone 
banking data are interleaved data while telephone c all data 
are fast data. Then the carriers are also divid ed into two 
partial sets. The data elements of each set of data elemen ts 
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are then randomly allocated to the carriers of each set of 
carriers. Finally the data element allocations within each 
group are equalized, the objective being that every carrier 
should have the highest possible signal-to-noise margin. To 
achieve this, individual carrier data elements are removed 
from one carrier and given to another carrier according to the 
signal-to-noise margin. The algorithm specifies a st rategy for 
impressing each item of information on just one carrier 
determined by the algorithm. 

EP 0 742 654 Al discloses a transmitter for numerical signals 
derived from analog television signals and a receiver for such 
transmitted signals. Partial carriers of an OFDM modulation 
can be coded using various coding methods, e.g. a 4 PSK coding 
method, a 16 QAM coding method or a 64 QAM coding method. 
Alternatively, a higher-stage coding method and then a 
convolution code with a code rate of 1/2 for certain 
subcarriers or a convolution code with a code rate of 5 /6 for 
other subcarriers can be used. 



Summary of the Invention 

It is the object of the present invention to provide a device 
and a method for transmitting a sequence of information 
symbols and a device and a method for receiving a transmitted 
signal which exploit efficiently the available capacity of th< 
transmission signal while being simple to implement. 

[This object is achieved by a device for transmitting 
according to claim 1, by a device for receiving according to 
claim 16, by a method for transmitting according to claim 21 
and by a method for receiving according to claim 22.] 
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In accordance with a first aspect of the present invention, 
this object is achieved by a device for transmitting 
information over a plurality of partial channels which have 
different transmission characteristics and which together form 
a transmission channel, comprising: a unit for grouping the 
information as assigned to the partial channels ; a unit for 
coding information assigned to a first set of partial channels 
by means of a first coding method to obtain a first set of 
coded information symbols, where a first coded information 
symbol of the first set of coded information symbols has a 
first amount of information assigned to it; a unit for coding 
information assigned to a second set of partial channels by 
means of a second coding method to obtain a second set of 
coded information symbols, where a second coded information 
symbol of the second set of coded information symbols has a 
second amount of information assigned to it which differs f rom 
the first amount of information; a unit for combi ning the 
coded information symbols of the first set acc ording to a 
first combination specification so as to generate a first set 
of combined coded' information symbols egual in number to the 
number of partial channels of the first s et of partial 
channels; a unit for combining the coded information symbols 
of the second set according to a second combination 
specification so as to generate a second set of combined cod ed 
information symbols equal in number to the num ber of partial 
channels of the second set of partial channels; and a uni t for 
assigning the combined coded information symbo ls of the first 
set to the first set of partial channels and for assig ning the 
combined coded information symbols of the seco nd set to the 
second set of partial channels in such a way that each p artial 
channel has a combined coded information symbol assigned to 
it, that each partial channel of the first set of partial 
channels has the whole information of the inf ormation symbols 
of the first set assigned to it, and that each pa rtial channel 
of the second set of partial channels ha s the whole 
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information of the information symbols of the second set 
assigned to it, where both the first and the second set of 
partial channels have at least one partial channel whose 
signal-to-noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally necessary 
for the coding method used by the set to which this partial 
channel belongs in order to achieve a predetermined 
reliability when decoding the information symbols, and whose 
signal-to-noise ratio as a result of combining is greater than 
or equal to the threshold signal-to-noise ratio. 

In accordance with a second aspect of the present invention, 
this object is achieved by a device for receiving a 
transmitted signal with information, where a first set of 
coded information symbols of the transmitted signal is 
generated by a first coding method, where the first coding 
method has assigned a first amount of information to a coded 
information symbol of the first set of coded information 
symbols, and where a second set of coded information symbols 
is generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set are 
combined according to a first combination specification and 
coded information symbols of the second set are combined 
according to a second combination specification, where 
combined coded information symbols of the first set are 
assigned to a first set of partial channels and where combined 
coded information symbols of the second set are assigned to a 
second set of partial channels, where both the first and the 
second set of partial channels have at least one partial 
channel whose signal-to-noise ratio without the step of 
combining would be lower than a threshold signal-to-noise 
ratio which is minimally necessary for the coding method used 
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by the set to which this partial channel belongs in order to 
achieve a predetermined reliability when decoding the 
information symbols and whose signal-to-noise ratio with the 
step of combining is greater than or equal to the threshold 
signal-to-noise ratio, comprising: a unit for extracting the 
combined coded information symbols of the partial channels 
from the received signal using the partial channels; a first 
unit for processing the combined coded information symbols of 
the first set using a first processing specification, which is 
the inverse of the first combination specification, so as to 
obtain the coded information symbols of the first set; a 
second unit for processing the combined coded information 
symbols of the second set using a second processing 
specification, which is the inverse of the second combination 
specification, so as to obtain the coded information symbols 
of the second set; a first unit for decoding the coded 
information symbols of the first set so as to reca pture the 
information assigned to the coded information symbols of the 
first set, the first unit for decoding being designed to also 
decode the at least one partial channel of the firs t set of 
partial channels; and a second unit for decoding th e coded 
information symbols of the second set so as to recapture the 
information assigned to the coded information s ymbols of the 
second set, the second unit for decoding being designed to 
also decode the at least one partial channel of th e second set 
of partial channels. 

In accordance with a third aspect of the present in vention, 
this object is achieved by a method for transmitting 
information over a plurality of partial channels w hich have 
different transmission characteristics and together form a 
transmission channel, with the following steps: g rouping the 
information as assigned to the partial ch annels; coding 
information assigned to a first set of pa rtial channels by 
means of a first coding method to obtain a first set of c oded 
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information symbols, where a first coded information symbol of 
the first set of coded information symbols has a first amount 
of information assigned to it; coding information assigned to 
a second set of partial channels by means of a second coding 
method to obtain a second set of coded information symbols, 
where a second coded information symbol of the second set of 
coded information symbols has a second amount of information 
assigned to it which differs from the first amount of 
information; combining the coded information symbols of the 
first set according to a first combination specification so as 
to generate a first set of combined coded information symbols 
equal in number to the number of partial channels of the first 
set of partial channels; combining the coded information 
symbols of the second set according to a second combination 
specification so as to generate a second set of co mbined coded 
information symbols equal in number to the numb er of partial 
channels of the second set of partial channels; and assigning 
the combined coded information symbols of the first se t to the 
first set of partial channels and assigning the combin ed coded 
information symbols of the second set to the s econd set of 
partial channels in such a way that each partial channel has a 
combined coded information symbol assigned to it, that each 
partial channel of the first set of partial channels has the 
whole information of the information symbols o f the first set 
assigned to it, and that each partial channel of the second 
set of partial channels has the whole informat ion of the 
information symbols of the second set assigned to it, where 
both the first and the second set of partial channels have at 
least one partial channel whose siqnal-to-noise r atio without 
combining would be lower than a threshold signal- to-noise 
ratio that is minimally necessary for the coding method us ed 
by the set to which this partial channel belongs in order to 
achieve a predetermined reliability when decod ing the 
information symbols, and whose signal-to-noise ratio as a 
result of combining is greater than or equa l to the threshold 
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signal-to-noise ratio. 

In accordance with a fourth aspect of the present invention, 
this object is achieved by a method for receiving a 
transmitted signal with information, where a first set of 
coded information symbols of the transmitted signal is 
generated by a first coding method, where the first coding 
method has assigned a first amount of information to a coded 
information symbol of the first set of coded information 
symbols, and where a second set of coded information symbols 
is generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set are 
combined according to a first combination specification and 
coded information symbols of the second set are combined 
according to a second combination specification, where 
combined coded information symbols of the first set are 
assigned to a first set of partial channels and where combined 
coded information symbols of the second set are assigned to a 
second set of partial channels, where both the first and the 
second set of partial channels have at least one partial 
channel whose signal-to-noise ratio without the step of 
combining would be lower than a threshold signal-to-noise 
ratio which is minimally necessary for the coding method used 
by the set to which this partial channel belongs in order to 
achieve a predetermined reliability when decoding the 
information symbols and whose signal-to-noise ratio with the 
step of combining is greater than or egual to the threshold 
signal-to-noise ratio, with the following steps: extracting 
the combined coded information symbols of the partial channels 
from the transmitted signal using the partial channels; 
processing the combined coded information symbols o f the first 
set using a first processing specification, which is the 
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inverse of the first combination specification, so as to 
obtain the coded information symbols of the first set; 
processing the combined coded information symbols of the 
second set using a second processing specification, which is 
the inverse of the second combination specification, so as to 
obtain the coded information symbols of the second set; 
decoding the coded information symbols of the first set so as 
to recapture the information assigned to the coded information 
symbols of the first set, the first unit for decoding being 
designed to also decode the at least one partial channel of 
the first set of partial channels; and decoding the coded 
information symbols of the second set so as to recapture the 
information assigned to the coded information symbols of the 
second set, the second unit for decoding being designed to 
also decode the at least one partial channel of the second set 
of partial channels. 

The present invention is based on the finding that, through 
uniformization of the noise power density or interference 
power density or through uniformization of the signal-to-noise 
ratio in the respective sets of the partial channels of a 
disturbed transmission channel or by distributing the 
information for transmission over sets of partial channels of 
an overall transmission channel, a better exploitation of the 
available capacity of the transmission channel can be 
achieved, so that it is possible to increase the reliability 
of the transmitted information. 

The concept according to the present invention is 
characterized by the fact that the transmission channel is 
already taken account of when transmitting in that at least 
two different coding methods are employed which differ as to 
the amount of information they assign to an information symbol 
and that the coding methods are taken into account when the 
coded information symbols from the respective partial sets are 
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combined. As a consequence, only partial channels within a set 
of partial channels are combined with one another, i.e. only 
partial channels which have been encoded with the same coding 
method are combined with each other. The unif ormization of the 
signal-to-noise ratio does not therefore take place over the 
whole transmission channel but is tailored to the channel or 
to the different coding methods. As a result of the 
unif ormization in the two partial sets, i.e. the combination 
of the coded information symbols in the individual sets of 
partial channels, each set of partial channels has at least 
one partial channel whose signal-to-noise ratio, without the 
combination step, would be smaller than a threshold signal-to- 
noise ratio that is minimally necessary for the coding method 
used for the set to which this partial channel belongs to 
obtain a predetermined reliability when decoding the 
information symbols, and whose signal-to-noise ratio, thanks 
to the combination step, is greater or equal to this threshold 
signal-to-noise ratio. 

A threshold signal-to-noise ratio will normally be defined 
such that a decoder in the receiver can decode the coded 
information symbols with a bit error rate that is below a 
maximum permissible bit error rate. Naturally this value is 
variable, depending on the application, according to the 
quality of the reception required in the receiver. 

It should be noted that to employ the method according to the 
present invention in its most general form, it is not 
necessary to have exact knowledge of the transmission channel, 
only a rough idea of the transmission channel is needed which 
permits a rough evaluation of the threshold signal-to-noise 
ratio for each partial channel. However, the more accurately 
the transmission channel is known, or is measured dynamically, 
the more precisely the different modulation methods and the 
different sets of partial channels can be adapted to the 
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transmission channel, resulting in a correspondingly higher 
- exploitable transmission rate. In the case of precise 

knowledge of the transmission channel, the method according to 
the present invention can thus provide a much higher 
transmissible information rate than can the prior art. Even 
when the channel is only very roughly estimated, the present 
invention can, thanks to the use of at least two coding 
methods in association with the use of at least two 
combination specifications, still provide a channel-adapted 
transmission. The data rate of the transmit /receive concept 
according to the present invention is increased due to the 
fact that each set of partial channels contains at least one 
partial channel whose signal-to-noise ratio, because of 
combining, is greater than or equal to a threshold signal-to- 
noise ratio, which means that, for this partial channel at 
least, a higher-stage coding method can be applied, i.e. more 
information can be allocated to it, than is so in the prior 
art, which is represented in Fig. 8. Furthermore, the method 
according to the present invention permits an increase in the 
exploitable overall bandwidth of the transmission channel 
since the at least one partial channel of the second set of 
partial channels can no longer be used in the known method as, 
without the combining in the second partial set, the signal- 
to-noise ratio for this partial channel was already lower than 
the threshold signal-to-noise ratio. 

The method according to the present invention offers 
considerable flexibility as to how closely the reliability 
limit is approached when uniformizing the signal-to-noise 
ratio in a set of partial channels. In other words, the 
signal-to-noise ratio of the partial channels in a set of 
partial channels decreases progressively with an increase in 
the number of partial channels which are involved in the 
combining process and which without combination would have a 
transmission quality which would not meet the demands of the 
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coding method for this set of partial channels- A good 
compromise between transmission rate and reliability can thus 
always be achieved. 

If the signal-to-noise ratio of the partial channels in a set 
of partial channels is chosen to be very near the threshold 
signal-to-noise ratio, the number of partial channels in which 
a higher value coding method can be used is high, as a result 
of which a correspondingly higher data rate can be achieved, 
provided the channel is known with sufficient precision. If, 
on the other hand, the number of partial channels which, 
compared to the known method, can also be coded with the 
higher stage coding method is chosen to be small, the signal- 
to-noise ratio of the partial channels in the set of partial 
channels lies well above the minimally necessary threshold 
signal-to-noise ratio. In this case the transmission channel 
does not have to be known so precisely, since deviations in 
the transmission behaviour do not directly lead to the signal- 
to-noise ratio falling below the necessary minimum signal-to- 
noise ratio and thus to a loss of the information transmitted 
in this set of partial channels. Even if, in the case of a 
channel which is poorly known, a "transmission hole" occurs, 
the worst that can happen is simply a total loss of the set of 
partial channels in which the transmission hole lies. The 
partial channels of the at least one other set are not 
affected, however, since combination did not take place over 
the whole transmission channel but simply within the sets of 
partial channels. It is clear that this compromise depends 
very much on the application. 

In the method according to the present invention what can be 
very simply adapted to the given application is the number of 
different coding methods and modulation methods employed and 
the resulting number of sets of partial channels which are 
used. If the sole optimization criterion of an application is 
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the maximization of the transmissible information rate, i.e. 
if the available channel capacity is to be exploited optimally 
without considering any further boundary conditions, the 
obvious thing to do is to use a larger number of sets of 
partial channels, thereby achieving optimal spectral matching 
to the transmission channel. In this case the allocation of 
the individual channels to the various sets of partial 
channels is performed in such a way that, while employing sets 
of partial channels with possibly very different bit loading 
factors, i.e. coding methods, which may differ markedly as to 
signal space quantization, depending on the application, the 
allocation achieves optimal matching to the transmission 
channel and a maximum transmissible information rate. However, 
this sometimes has the disadvantage that very precise A/D 
converters or arithmetic units are needed. If the optimization 
criterion of the application is specified to be the simple 
implementation of the signal processing units in the 
transmitter and receiver, however, the method according to the 
present invention offers the possibility of transmission 
channel matching by using a minimum of 2 sets of partial 
channels with different coding methods, e.g. with a first set 
of partial channels in which a 2 2 QAM method is used as the 
coding method and a second set of partial channels in which a 
2 3 QAM method is used. The method according to the present 
invention, through unif ormization, makes it possible to extend 
the usable transmission frequency range compared with that in 
the prior art and thus to increase the transmissible 
information rate compared with methods according to the prior 
art. 

The present invention also provides a high degree of 
flexibility as regards the occupancy of the sets of partial 
channels. For a transmission with maximum data rate, the 
number of sets of partial channels will correspond to the 
number of maximum possible coding methods. If the requirement 
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is for simple implementability, e.g. the use of A/D and D/A 
converters with a coarse amplitude quantization, simple 
implementation of the numerical signal processing or the 
permissibility of larger linear or non-linear signal 
distortions, the number of sets of partial channels will be 
minimal and only coding methods with coarse quantization of 
the signal space will be used. In the extreme case, the number 
of sets of partial channels will be the same as the required 
minimum number of 2 and two different coding methods, in the 
extreme case a 2 2 QAM and a 2 3 QAM method, will be used for 
coding purposes, it being possible to specify the upper 
frequency limit of the first set of partial channels or the 
lower frequency limit of the second set of partial channels 
according to the requirement. If the aim is to achieve the 
highest possible data rate, the upper frequency limit of the 
first set of partial channels is chosen to be as high as 
possible such that all the partial channels of the first set 
of partial channels have only a small implementation margin in 
terms of the threshold signal-to-noise ratio determined by the 
coding method. The accuracy with which this can be performed 
is determined by the accuracy with which the transmission 
behaviour of the overall channel is known. 

If it is known that a transmission channel has partial 
channels with poor or very poor transmission behaviour, the 
obvious thing to do is to exclude these partial channels from 
the allocation to the sets of partial channels and thus from 
the transmission. A different bunching of the sets of partial 
channels, depending on their exact transmission behaviour, 
combined with an extension of the exploitable frequency range 
of the transmission channel, thus becomes possible. 

The method according to the present invention thus also 
provides flexibility in that it is not necessary to combine 
the information symbols of all the carriers, as in the prior 
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art, but that partial channels or carriers between two sets of 
partial channels can be left "untreated" or are not supplied 
with information of any kind. This concept can also be 
extended in that a number of bands are not combined in a 
transmission channel. 

Finally, the transmit/receive concept according to the present 
invention is applicable not just to multi-carrier methods, 
such as the OFDM method, but also to other coding methods and 
modulation methods and also other transmission channels having 
partial channels with different transmission behaviour, i.e. 
different transmission quality, e.g. to classical coding 
methods with different-stage pulse amplitude modulation 
methods and to transmission channels with time-dependent 
transmission behaviour, i.e. channels where the transmission 
quality of the individual partial channels varies with time. 
Examples are the radio channel and the various propagation 
modes on a 4-wire line. 

An advantage of the present invention is that it makes 
possible a better utilization of the capacity of the 
transmission channel or of the partial channels of the 
transmission channel and thus a higher transmission rate, in 
particular when the permissible spectral power density of the 
transmitted signal or the total power of the transmitted 
signal is limited. 

A further advantage of the present invention is that the part 
of the transmission rate gained by the present invention can 
be used fully or partially as additional redundancy so as to 
increase the reliability of the transmission. 

A further advantage of the present invention is that the 
increase in the available transmission rate in the whole 
transmission channel, or in partial channels of the 
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transmission channel, for a given transmission rate can be 
used to reduce the maximum necessary bit loading factor, so 
that the implementation outlay and the costs e.g. of the A/D 
and D/A conversion as well as the outlay needed for the 
numerical signal processing can be reduced. 

A further advantage of the present invention is that 
suboptimal systems with very low bit loading factors and large 
bandwidth efficiency can be realized for the transmission of 
information over linearly distorting disturbed channels. 

A further advantage of the present invention is that signals 
with lower bit loading factors can be used, which makes it 
possible to employ a coarser-stage amplitude quantization and, 
consequently, to tolerate greater linear or non-linear signal 
distortions . 

Brief Description of the Drawings 

Preferred embodiments of the present invention are described 
in detail below making reference to the enclosed drawings, in 
which 

Fig. 1 shows a schematic block diagram of the 

transmit/receive concept according to the present 
invention using the example of a multi-carrier 
modulation by means of the OFDM method; 

Fig. 2 shows a graphic representation of the bandwidth gam 
from the transmit concept according to the present 
invention; 



Fig. 



3 



shows the minimum signal-to-noise ratio of the 
transmission channel for a certain receive reliability 
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as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to an 
embodiment of the present invention; 

Fig. 4 shows a comparison of the carrier occupancy according 
to the present invention, shown in Fig. 4, and the 
carrier occupancy in the traditional DMT method, 
sketched in Fig. 8; 

Fig. 5 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to another 
embodiment of the present invention in which small bit 
loading factors are desired; 

Fig. 6 shows how the achievable data rate varies with maximum 
bit loading factor for the traditional carrier 
occupancy sketched in Fig. 8, for the carrier occupancy 
according to the first embodiment of the present 
invention sketched in Fig. 3, and for the carrier 
occupancy according to the second embodiment of the 
present invention sketched in Fig. 5; 

Fig. 7 shows a traditional OFDM transmission path; and 

Fig. 8 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to the known 
OFDM concept of Fig. 7. 
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Detailed Description of Preferred Embodiments 

Fig. 1 shows an overall view of the transmit /receive concept 
according to the present invention. On the left hand side of 
Fig. 1 there is a device for transmitting information from a 
source 100, which has a unit 102 for grouping the information 
and converting it into signal values, most generally for 
serial/parallel conversion, which correspond to the 
subsequently used coding methods, and a first coding unit 
103a, a second coding unit 103b, a first combination unit 
104a, a second combination unit 104b and also a unit for 
allocating the combined coded information symbols to the 
partial channels, which in the case of an OFDM method might be 
a unit for performing an inverse discrete Fourier transform, 
which is designated in Fig. 1 by the reference numeral 106. 

As will be explained later, the first and the second coding 
methods, and when there are more than two coding methods the 
further coding methods, allocate to the respectively generated 
coded information symbols certain, coding method related, 
amounts of information. In the exemplary case, where the 
information is in the form of bits, the amounts of information 
differ in the number of bits. The unit 102 for grouping will 
then distribute the information bits among the partial 
channels in such a way that, for each partial channel, the 
number of information bits required for the coding method 
employed, are grouped together. If partial channels are 
subjected e.g. to a 2 2 QAM coding method, the grouping unit 
will supply each of these partial channels with 2 information 
bits. If, on the other hand, partial channels are subjected 
e.g. to a 2 5 QAM coding method, the grouping unit will supply 
each of these partial channels with 5 information bits. The 
coded information symbol, which is generated by the encoder, 
thus has an amount of 2 information bits allocated to it in 
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the first case and an amount of 5 information bits in the 
second case. The grouping unit therefore performs the function 
of allocating to each of the used partial channels the amount 
of information which the coding method employed for the 
respective partial channel requires it to have. 

The output signal of unit 106 is transmitted over the channel 
108 to the input of the receiver. This channel can take 
different forms, e.g. it might be a cable channel in the form 
of a telephone line or power supply line, or it might be a 
radio channel. In these cases it would be necessary to 
supplement Fig. 1 with units for matching the transmitted 
signal and the received signal to such a channel. Transmission 
over the channel causes the signal to be attenuated and 
distorted. In addition, various types of interference are 
additively imposed on the signal. The output signal of the 
channel, denoted by w, forms the input signal of the unit 110 
of the receiver. 

The receiver includes a unit 110 for extracting the received 
symbols and allocating them to the individual partial 
channels. In the OFDM case shown here this is a unit which 
performs a discrete Fourier transform. It is followed by a 
channel equalizer to bring all the partial channels, 
irrespective of the individual signal attenuations occurring 
during transmission, to the same level. The channel equalizer 
112 is followed by a first unit for performing an inverse 
combination 114a and a second unit for performing an inverse 
combination 114b, the outputs of which in turn are connected 
to a first decoder 115a and a second decoder 115b, which, on 
the output side, supply decoded information symbols which are 
converted, by a unit 116 for parallel/serial conversion of the 
decoded information symbols, into a serial data stream which 
can then be fed to an information sink 118. 
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If the transmission is secured by methods for forward error 
correction ( FEC : Forward Error Correction) or by methods for 
automatically repeating the transmission (ARQ: Automatic 
Request) or a combination of such methods, the obvious places 
to locate the required units are between the units 102 and 
103a and 103b on the transmit side and between the units 115a 
and 115b and 116 on the receive side. 

By definition the partial channels which are encoded by the 
first encoder 103a are referred to as the first set of partial 
channels. In the very schematic example shown in Fig. 1, in 
which there are only seven partial channels, the first four 
partial channels seen from the top form the first set of 
partial channels with the numbers 1 to 4 . The last three 
partial channels form the second set of partial channels, i.e. 
the partial channels with the numbers 5, 6 and 7. 

The two encoders 103a and 103b differ in that the amount of 
information which they respectively assign to a coded 
information symbol differs. Whatever modulation method is used 
in a set of partial channels, this assignment is made as 
follows: a certain number of information symbols of unit 102 
are combined and the corresponding partial channel from the 
set of partial channels has a corresponding (dependent on the 
quantization of the signal space by the modulation method) 
generally complex-value signal value assigned to it at the 
corresponding output. The number of outputs of the encoder 
103a corresponds to the number of partial channels in the 
first set of partial channels and normally differs from the 
number of assigned inputs, the difference depending, for each 
set of partial channels, i.e. for each encoder, on the 
particular modulation method chosen for the partial channel. 
In the case of the QAM modulation method used for a 
transmission according to the ADSL standard, the two encoders 
103a and 103b differ in that QAM methods with different 
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quantization of the signal space are used, something which is 
described in terms of different bit loading factors in the 
description of the ADSL standard. For example, if a 2 X QAM 
modulation method is used in the first set of partial 
channels, the encoder 103a might always consider x information 
symbols together and, dependent on these, generate one of 2 X 
possible signal levels for the output signal of the associated 
partial channel, while the encoder 103b would then always 
combine (x-y) information symbols for the second set of 
partial channels and, depending on these, generate another of 
2 {X_Y) possible signal levels at the output of the associated 
partial channel. 

The two combiners 104a, 104b effect a combination of the 
partial channels in the respective set of partial channels. 
Mathematically this combination can be described for each of 
the combiners 104a and 104b as the matrix multiplication of a 
vector t of respective input signals with a matrix P, 
resulting in a respective vector of output signals for the 
corresponding set of partial channels. The matrices of the 
various combiners can differ individually or be the same. The 
exact choice of combination specifications or the respective 
matrices P of the combiners 104a and 104b must be undertaken 
in conformity with the inverse combination specifications of 
the receiver units 114a and 114b, and, as will be shown, 
orthogonal and normalized, i.e. orthonormalized or complex 
unitary matrices, offer advantages. Through this combination 
every item of information of each output signal of the encoder 
103a or 103b is impressed on each output signal of the 
respective combiner 104a or 104b, i.e. each item of 
information of each partial channel of the respective set of 
partial channels is impressed on each partial channel of the 
respective set of partial channels. Here the power 
distribution of each coded symbol of each partial channel 
should normally be uniform among the individual partial 
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channels of the sets of partial channels. Even if only one 
combination specification is always referred to in the 
following, what is said applies to both combination 
specifications or, in the general case, to each of the n 
combination specifications involved. 

The transmit/receive concept shown in Fig. 1 is also referred 
to hereinafter as the COFDM transmission path (COFDM = Coded 
Orthogonal Frequency Division Multiplexing) . This is suitable 
for a DSL channel but can also be employed for other channels 
with partial channels which differ as to their transmission 
characteristics . 

The sequence of information symbols is grouped, in a unit 102 
for grouping the sequence of information symbols, into a group 
of information symbols per partial set and is then encoded per 
partial set to obtain a vector t of coded information symbols 
for each partial set. The number of elements or coded 
information symbols of this vector t corresponds to the number 
of partial channels of the respective set of partial channels, 
in the case of a COFDM method the number of transmission 
channel carriers or carrier frequencies used in this partial 
set . 

The vector t is then processed per partial set in a unit 104a 
or 104b for combining the coded information symbols of the 
vector t according to a combination specification. These units 
104a, 104b for combining may e.g. map the vector t onto some 
other vector u via a respective matrix P. In this mapping the 
individual elements or coded information symbols of the vector 
t are combined together to create a number of combined 
information symbols or elements of the vector u equal to the 
number of carriers or partial channels in this set of carriers 
or partial channels. The combination specification distributes 
the information of the individual coded information symbols 
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among the combined coded information symbols. This 
distribution might be effected e.g. by mapping the vector t 
onto the vector u via an orthogonal and normalized, or 
orthonormal, matrix P. 

It should be noted that the present invention does not require 
the combination matrices for the sets of partial channels or 
carriers to be exactly orthonormal; all that is necessary is a 
sufficient degree of orthonormality, although it is likely 
that the best results when undoing the combination in a set of 
partial channels will be achieved for highly orthonormal 
matrices . 

The matrix P here may e.g. be a Hadamard matrix or a PN matrix 
(PN = Pseudo-Noise = a matrix derived from a random sequence) 
or some other sufficiently orthonormal matrix which is inverse 
to the matrix Q of the associated unit (114a, 114b) . 

The vector of the combined coded information symbols u is then 
submitted to a unit 106 for impressing the combined coded 
information symbols, i.e. the elements of the vector u, onto 
the corresponding partial channels or carriers of the sets of 
partial channels or carriers to create a modulated signal 
which represents the sequence of information symbols. This 
signal is denoted by a vector v. In the case of COFDM methods 
e.g. the unit 106 for impressing the information symbols 
performs an inverse discrete Fourier transform (IDFT) . 

The modulated signal v is then transmitted over a transmission 
channel 108 with a frequency response a(f), e.g. a DSL channel 
or some other wired channel such as a telephone line or a 
power supply line or some other channel with a frequency 
dependent transfer function and/or frequency dependent channel 
interference noise, such as a radio channel. The present 
invention is not, however, restricted to channels whose 
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individual partial channels have different carrier 
frequencies. The present invention is suitable for all 
transmission channels which have partial channels with 
different transmission characteristics. 

At the end of the channel a signal, possibly distorted by the 
channel, is received, on which various types of interference 
have been additively superimposed. A vector w representing the 
signal is fed into a unit 110 for extracting the combined 
coded information symbols from the modulated signal or the 
vector w using the plurality of orthogonal or at least 
sufficiently orthogonal carriers. The unit 110 for extracting 
now performs the inverse operation of unit 106 for impressing, 
i.e. for the COFDM method e.g. a discrete Fourier transform 
(DFT) or some other transform which is sufficiently inverse to 
the operation performed by unit 106. The result of the 
: extraction is a vector x whose elements are the combined coded 
information symbols assigned to the individual partial 
channels or, in the case of COFDM, to the individual carriers. 

The unit for extracting knows, e.g. through specification when 
designing the transmission system or through auxiliary 
information in the received channel or in a separate auxiliary 
channel, how the transmission channel was subdivided into the 
sets of partial channels in the transmitter. On the output 
side it supplies the input signals for the at least two 
inverse combiners (114a, 114b), which in turn feed the at 
least two decoders (115a, 115b), as is shown in Fig. 1. 

If the channel is not disturbed or distorted, the vector x is 
the same as the vector u. The elements of the vector x, i.e. 
the individual partial channels, in the case of COFDM e.g. 
according to the respective assignment to a carrier of the 
transmission channel, are, however, disturbed differently by a 
frequency dependent attenuation of the channel and by 
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additively superimposed types of interference and furthermore 
a disturbance due to white interference noise is superimposed 
on the individual components of the vector. Through the 
preceding combination of the information symbols in unit 104 
for combining, the information symbols of the group of 
information symbols or of the vector t are e.g. distributed 
uniformly or nearly uniformly over all the combined 
information symbols, e.g. the elements of the vector u. 
Although the combined coded information symbols are disturbed 
and distorted differently by the channel, depending on the 
carrier, the original coded information symbols of the group 
of information symbols can be equalized by the channel 
equalization in block 112 in such a way that the output signal 
of the channel equalizer has a constant power density as a 
function of frequency, something which will be described in 
more detail later. 

The demodulated signal or the vector x of the received 
combined coded information symbols is thus fed into a channel 
equalizer 112 which e.g. equalizes the frequency response a(f) 
of the channel. After the channel equalizer 112 the 
demodulated equalized signal or the vector y is fed, depending 
on the partial set, into a unit 114a or 114b for processing 
the combined information symbols. The processing 
specifications of these units 114a, 114b for processing are 
inverse to the combination specifications of the units 104a, 
104b for combining so as to reverse the combinations in the 
partial sets and so as to be able to extract the coded 
information symbols of the sequence of coded information 
symbols from the combined coded information symbols. 

The processing specification of the unit 114a, 114b is a 
reversal or approximate reversal of the combination 
specification of the unit 104a, 104b, i.e. e.g. a matrix 
operation with an orthonormal or sufficiently orthonormal 
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matrix Q which is inverse or nearly inverse to the matrix P, 
i.e. where Q is approximately P" 1 , such as e.g. an inverse 
Hadamard matrix, an inverse PN matrix or some other 
sufficiently orthonormal matrix. "What emerges again finally is 
the sequence of coded information symbols, referred to here as 
vector z. 

As can be seen from Fig. 1, the coded information symbols of 
each set are now fed into their respective decoders 115a, 
115b, which, broadly speaking, reverse the coding of the 
equivalent encoders 103a, 103b in so far as the superimposed 
interference allows. 

A unit 116 for revoking the grouping then converts the group 
of information symbols into a sequence of information symbols 
again which are received by a receiver or a sink 118. 

In the following Fig. 2 will be considered. This shows a 
section of a transmission channel or a transmission channel, 
which for the sake of example just extends from 4.5 MHz to 5.5 
MHz. A curve 200 shows the frequency dependent carrier noise 
power as a function of frequency which results after 
equalization of the frequency dependent attenuation of the 
transmission channel by the unit 112. For the example 
considered here, where the transmitted power is constant over 
all carriers, where the transmission channel has an 
attenuation which increases with frequency and where the 
thermal noise is independent of frequency, curve 200 results 
after the transmission channel has been normalized in the 
receiver in such a way that the total power is constant with 
respect to frequency. Expressed simply, the transmitted signal 
in the transmission channel is attenuated more and more as the 
frequency increases. Channel equalization leads to an 
amplification of the signal power, and thus also of the noise 
power, which means that, although the noise of the receiver is 
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constant with respect to frequency, the carrier noise power 
increases with the frequency, this corresponding to a signal- 
to-noise ratio which decreases as the frequency - increases . The 
concept according to the present invention is not, however, 
confined to a channel with a monotonically decreasing signal- 
to-noise ratio, but applies to any sort of channel where the 
transmission quality is distributed over the partial channels. 

Th basic idea of the present invention will now be described 
in more detail by means of Fig. 2. In this figure the noise 
power distribution within a certain frequency range is shown 
for the case where the channel 108 in Fig. 1 is equalized by 
the channel equalizer 112 in such a way that the overall 
transfer function has a constant value. Such an equalization 
of the frequency response necessarily entails an increase in 
the spectral noise power in the upper frequency range. This 
increase in the spectral noise power density is shown in Fig. 
2. Also shown is the permissible spectral noise power density 
for a particular transmission method. Since this power density 
depends only on the chosen coding method or modulation method 
and the permissible transmission error probability, the result 
in the diagram is a constant value independent of the 
frequency. It should be noted that the permissible 
transmission error probability corresponds to a predetermined 
reliability when decoding the information symbols. 

Below a certain frequency F G the actual noise power density is 
less than the permitted value. This results in a higher than 
necessary reliability of the coded information symbols which 
are transmitted in this frequency range by means of 2 X QAM or 
some other coding method. 

In methods according to the prior art it is not, however, 
possible to make the transition to a higher-stage 2 X+1 QAM 
coding method, i.e. to a coding method which assigns more 
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information to a coded information symbol and thus has a finer 
quantization of the signal space, since this entails a 
reduction in the noise power density by a factor of 2 in the 
case of QAM coding. This only occurs below the frequency F 0 . 
In methods according to the prior art a 2 x -stage coding method 
can no longer be employed above the frequency F G since the 
coded information symbols cannot be transmitted with the 
required reliability due to the higher than permissible 
spectral noise power density. In this frequency range a 2 X_1 
QAM coding method must be used in the prior art. 

According to the present invention a unif ormization of the 
spectral noise power density as a function of frequency is now 
achieved by additional orthogonal transformations using one of 
the orthonormal (orthogonal and normalized) matrices P and Q, 
see Fig. 1 units 104a and 104b and 114a and 114b. This is 
achieved by permitting the noise power density to increase up 
to the maximum permissible value for a 2 X QAM coding method for 
partial channels above F 0 and below F G , while above F G on the 
other hand the noise power density up to a frequency F G i can be 
lowered to the maximum permissible value. By transforming an 
information vector using the matrix Q, each item of 
information is here impressed on all the coded combined 
information symbols, i.e. on all the partial channels within 
the set of partial channels under consideration, by the units 
104a and 104b. The set of partial channels considered in Fig. 
2 thus stretches from a carrier with the frequency F 0 up to a 
carrier with the frequency F G1 for the method according to the 
present invention, in contrast to methods according to the 
prior art, which only use the range up to the frequency F G . It 
should be noted that in the prior art the partial channels 
between F G and F G1 had to be coded with a low-stage coding 
method whereas according to the concept according to the 
present invention these carriers can be coded with the same 
coding method as the carriers in the range from F 0 to F G , 
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which results in a gain in the available transmission rate. 
The net gain in the available transmission rate effected by 
the present invention corresponds to the difference between 
the amount of information which is assigned by the two coding 
methods multiplied by the number of carriers, i.e. partial 
channels,, in the range from F G to F G i . 

In the receiver a corresponding reverse transformation is now 
needed. This reverse transformation is accompanied by a 
weighted addition of the interference amplitudes of the 
individual modulation symbols. If the reverse transformation 
matrix, e.g. the matrix Q in Fig. 1, possesses the property 
that all the elements of each line have the value 1, i.e. if 
the matrix Q is orthonorraal or unitary, the weighted addition 
of the noise interference contributions results in an 
averaging. Consequently it is possible to use a particular 2 X 
coding method for the transmission beyond the frequency F G for 
carriers up to the frequency F G i- The difference between the 
rate efficiency of the 2 X modulation method and the rate 
efficiency of the 2 X_1 QAM modulation method otherwise used in 
the frequency range F G . . F G1 multiplied by the bandwidth F G i - 
F G thus gives the rate gain which can be achieved by the 
present invention, as has already been stated. 

The uniformization of the superimposed noise power by means of 
an orthonormal transformation will now be explained in more 
detail. It should be noted that the following derivation 
applies to every set of partial channels or carriers 
individually and that there is no uniformization beyond set 
boundaries . 

The transmitted signal existing as a vector t with complex 
components is transformed into the vector u by means of an 
orthonormal matrix P. 
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u = Pt (1) 

Through this transformation according to equation (1) and the 
orthonormality properties of matrices (cf. Equation 3), each 
component of the vector t is mapped uniformly onto all the 
components of the vector u, i.e. each individual bit of 
information of a component t(i) is impressed onto all the 
components of the vector u and is thus transmitted in all the 
partial channels or on all the carrier frequencies of a set. 

A characteristic of orthonormal or unitary matrices, such as 
the matrix P, is the mathematical property that when the 
vector t is transformed the power it contains is preserved 
regardless of how it is distributed among the individual 
components . 

The following equation thus holds for every component of u, 
p{u[j]) being the power of the j-th component of the vector u: 

P (u\j]) = «[7>br = ^ E ( 2 > 

This can e.g. be achieved for matrices with real coefficients 
by requiring that 

lP«l = 1 VU (3) 

Matrices which fulfil this requirement are e.g. Hadamard 
matrices and PN matrices. 

The Hadamard matrix H 2 of rank 2 is defined as follows: 




(4) 



Hadamard matrices of rank 2 n+1 can be formed from this using 
the following recursion formula: 
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' V2 [ 



H 2 ~ 



(5) 



PN matrices (PN = Pseudo Noise) are formed from a 2 n-1 symbol 
long section of a (binary) PN sequence. The first row (or also 
the first column) of the matrix corresponds here to the 2 n_1 
long section of the sequence, the other rows resulting from 
cyclic displacement of the respective preceding row (or 
column) . This cyclic displacement furthermore results in a 
cyclic matrix, which brings advantages in terms of the 
practical implementation. For a sequence of length N = 7 the 
sequence is e.g. a pseudo-random sequence. 

a(i/) = (1,1,-1,-1,1,-1.1) (6) 

This results in the following PN matrix of rank 7: 

-l-i l-l l " 

l -l -l l -l 

l l-l-i l (7) 
111-1-1 v 

-l l l l-l 
l-iiil 

-l l-l l l 



A = 



Depending on which orthonormal matrix P, see Fig. 1, was used 
in the transmitter for the transformation, the corresponding 
inverse matrix Q = P" 1 must be used in the receiver. These 
inverse matrices are also, in general, orthonormal matrices. 

For Hadamard matrices e.g. the corresponding inverse is the 
Hadamard matrix itself. 



For cyclic 
matrices . 



PN matrices the 



inverses are again cyclic PN 
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For the present invention it is advantageous if the matrix Q = 
P" 1 in the receiver exhibits the best possible orthonormal 
properties, i.e. that, independently of the power distribution 
of the components in y, the following relation holds true, 
p(z[j]) standing for the power of the component j: 

Pirn = zwm* = ^ E y®y w* ( 1 0 ) 

This can, as for the matrix P in the transmitter, be achieved 
by requiring that 

(11) 

kiil = l Vi,j 

In general the inverse of an orthonormal matrix is again an 
orthonormal matrix. In this case one of the two matrices can 
be chosen freely, the other matrix resulting accordingly. If 
only approximately orthonormal matrices are used, however, a 
specific assignment of the matrices to P and Q can bring 
advantages . 

The fulfilment or approximate fulfilment of the requirement of 
orthonormality of the matrix Q permits the unif orraization of 
the spectral noise power density or interference power density 
within a set of partial channels described hereafter. The 
following remarks apply therefore to each set of partial 
channels which is subject to a combination by means of a 
combination specification. 
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Assuming that, under practical boundary conditions, the 
interference noises of the individual channels are 
uncorrelated, the resulting interference noise in the k-th 
component of the output vector z is given by 

Zst8r = QV St5r (12) 



kijl = i 



(13) 



(14) 



The interference power of the j-th component of the vector z 
is given by 

1 N ~ 1 

pm) = *i»bT = jfll »wvi«r d5) 



Since the index i in equation (15) can be chosen at will, it 
follows immediately from equation (15) that the interference 
powers of all the components of z are the same, i.e. 

p(-w) = ^(i/) = ^E^ 2 d6) 

This unif ormization of the noise power in the partial channels 
under consideration is a mathematical property of orthonormal 
matrices . 

The uniformization described for the example of an isolated 
partial channel in Fig. 2 makes an overall shift to higher 
frequencies possible in the allocation of the individual 
partial channels. 
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Fig. 3 shows the frequency dependent S/N ratio, which 
determines the upper frequency limit of the partial channels 
in traditional OFDM methods and the utilizable carrier 
occupancy in the concept according to the present invention or 
the way in which the maximum possible bit loading factor 
varies with frequency in the preferred embodiment of the 
present invention. From Fig. 3 it can be seen how the upper 
frequency limits of the individual sets of partial channels 
have extended themselves beyond the monotonically decreasing 
curve for the S/N ratio. This curve determines the upper 

frequency limit of the partial channels in traditional methods 

(Fig. 8). 

Fig. 3 shows a partitioning of a transmission channel in 12 
sets of partial channels, of which only the first three have 
been labelled 304a to 304c. In particular the set of partial 
channels labelled 304b in Fig. 3 comprises partial channels 
with carrier frequencies from about 4.3 to 4.75 MHz. It is 
assumed that, for the set of partial channels comprising the 
partial channels with the highest carrier frequencies, 
labelled 304a in Fig. 3, a 2 2 QAM method is used. It is 
furthermore assumed that a 2 3 QAM method is used for the set 
304b of partial channels. As a result of the S/N ratio vs. 
frequency for the channel 300, there is a threshold S/N ratio 
306 of about 17 dB for the coding method used for the set 304b 
of partial channels. The carriers in the set 304b of partial 
channels must therefore have a S/N ratio at least equal to the 
threshold S/N ratio in order that a predetermined reliability 
can be achieved when decoding the information symbols. 
Analogously, the threshold S/N ratio for the set 304a of 
partial channels is about 14 dB. There is thus a particular 
threshold S/N ratio for each set of partial channels, i.e. for 
each coding method which is used. As can be seen from Fig. 8, 
the carrier occupancy according to the prior art was subject 
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to the requirement that the carrier with the highest frequency 
in a set of carriers had a S/N ratio greater than or equal to 
the threshold S/N ratio. 

In contrast, the sets of partial channels according to the 
present invention include at least one partial channel whose 
S/N ratio without combination is smaller than the threshold 
S/N ratio and which, as a result of combination, is greater 
than or at least equal to this threshold S/N ratio. The 
advantage of this is that this partial channel can be coded 
with the next higher coding method compared to the prior art. 

This at least one partial channel forms a range I which 
extends above the curve 300. If this partial channel is 
compared with the situation without combination shown in Fig. 
8, it can be seen that a partial channel in the range I of the 
set 304b has a higher S/N ratio as a result of combination in 
the partial channel, as a consequence of which this partial 
channel in the example shown in Fig. 3 can be coded not with 
the lowest stage coding method but with a coding method one 
stage higher, which means that the data rate of the system has 
increased compared to the prior art, as has already been 
described. 

Fig. 4 shows a comparison of the carrier occupancy for the 
traditional DMT method and for the COFDM method according to 
the present invention. Fig. 4 shows the resulting distribution 
of the bit loading factors vs. frequency for the traditional 
and the novel method. The rate gain can be read directly from 
the figure, being the area enclosed by both curves along the 
staircase. The enclosed area corresponds to the channel 
capacity which cannot be exploited directly with traditional 
methods. 
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The gain in the transmission rate which can be achieved in 
this way can be used both to increase the transmissible useful 
information rate and to improve the reliability -of the 
transmission when using error security methods such as FEC or 
ARQ (ARQ = Automatic Repeat Request in the event of a 
transmission error). A combination of the two goals, i.e. an 
increased information rate allied to a redundancy coding, may 
also make sense in certain applications. In FEC methods an 
error correction is achieved by means of additional redundancy 
which is transmitted together with the information. For 
realistic S/N boundary conditions just part of the additional 
transmission rate gained is sufficient to compensate with an 
FEC for the loss in reliability of the modulation symbols in 
the frequency range F 0 to F G due to frequency range 
uniformization. It should be stressed that the S/N ratio of 
these carriers is in any case only lowered to the permissible 
limit but not below this. The part of the rate gain which is 
not needed for the FEC is available as net rate gain. 

This may be explained by referring to Fig. 2. In Fig. 2 the 
S/N ratio at the receiver input is shown as a function of the 
frequency. If the available frequency range is subdivided into 
N sets of partial channels in the range F 0 ...F G i, each of these 
N sets of partial channels has its own S/N ratio. The noise 
power density within these sets of partial channels can be 
assumed to be constant. Within a set of partial channels one 
or more carriers with their impressed coded combined 
information symbols can be transmitted, it being assumed that 
the transmission is a binary one (bit loading factor 1) and 
that the modulation symbols are to be transmitted with a 
certain reliability p < p max . Only the frequency range f 
greater than or equal to F 0 will be considered. 

In traditional methods each individual symbol, i.e. each 
individual carrier in the case of DMT, is considered in 
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isolation in the discriminator of the receiver. This requires 
that each partial channel or carrier must have a certain S/N 
ratio if the bit error probability of the transmission p is to 
satisfy the condition p < p ma x- The higher reliability of the 
symbols transmitted below F G is not exploited in the 
traditional method outlined in Fig. 8. 

Due to the unif ormization according to the present invention, 
however, the frequency range up to the frequency F G i can be 
used. When the frequency range up to F G i is used, more than K 
symbols can then be transmitted with the required minimum 
reliability p < Pmin- 

If a certain application using traditional DMT methods is to 
make use of the higher reliability of the symbols transmitted 
below F G , this higher reliability can be achieved in the method 
according to the present invention by employing an FEC method 
in that all or part of the information transmitted in the 
frequency range between F G and F Gi is used as (additional) 
redundancy. 

It is apparent from Fig. 8, Fig. 3 and in particular Fig. 4 
that the method of increasing the usable frequency range or 
the usable information rate by unif ormization described 
hitherto does not yet lead to a reduction in the bit loading 
factor. 

According to a further embodiment of the present invention 
such a reduction is preferred, since the high bit loading 
factors in the lower partial channels are chiefly instrumental 
in determining the implementation outlay for the requisite D/A 
and A/D conversions and the arithmetic. A reduction in the bit 
loading factors is possible if the unif ormization extends over 
a wider frequency range or, in the limiting case, over the 
whole channel, the limiting case being marked by the fact that 



44 



there are only two sets of partial channels, two combiners and 
two encoders. 

Fig. 6 depicts the relationship between the achievable data 
rates (ordinate) and the specifiable maximum bit loading 
factors (abscissa) for the two strategies "uniformization over 
several partial bands" and "uniformization over the whole 
channel". In Fig. 6 there are two curves which increase 
monotonically from bottom left to top right and also a 
parabolic curve. The lower monotonically increasing curve 
shows the transmission rates achievable with the traditional 
method of Fig. 8 and the upper monotonically increasing curve 
those achievable with the novel method of Fig. 3, when the bit 
loading factors are restricted to a specified maximum value. 
The parabolic curve shows the transmission rates resulting 
from uniformization of the whole transmission channel; see 
also Fig. 5, which shows an alternative carrier occupancy for 
the COFDM method. 

The point labelled 606 in Fig. 6 relates to the case in which 
the first set of partial channels has a bit loading factor of 
6, giving a data rate of about 20 Mbits/s. The bandwidth of 
the carriers used in the first set of partial channels ranges 
from 1 MHz to about 4.3 MHz, as is indicated at the bottom of 
Fig. 5. This corresponds to the curve 500 in Fig. 5. It should 
be noted that there still remains in the transmission channel 
a frequency band from 4.3 to 5.3 MHz which can no longer be 
occupied with a bit loading factor of 6, despite combination. 
According to the present invention a second set of partial 
channels is therefore introduced, which is positioned above 
the carrier frequency 4.3 MHz and which extends to about 5.3 
MHz if the second coding method has a bit loading factor of 3. 
However, in the interests of clarity, the second set is not 
included in the figure. The point labelled 608 in Fig. 6 takes 
account of the contribution of the second set of partial 
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channels to the data rate. A comparison of the points 608 and 
606 shows that, compared with the case where the whole 
transmission channel is uniformized, a significant data rate 
gain can be achieved through the method according to the 
present invention of using at least two sets of partial 
channels, which are encoded and combined differently. It 
should be noted that the combination of the whole transmission 
channel and the use of just one coding method leads to an 
undesirable restriction in the exploitable bandwidth, as can 
be seen from Fig. 5. 

If a certain transmission rate forms the design criterion for 
a transmission system, it can be seen from Fig. 6 that the new 
system makes possible a significant reduction in the necessary 
maximum bit loading factor at high transmission rates. In the 
case where the gross transmission rates are the same in the 
two systems (the same net transmission rates and the same 
redundancy for the FEC) , the situation can be seen clearly by 
drawing a horizontal line having the specified data rate as 
the value of the ordinate. The abscissa values of the meeting 
points of the two curves and the straight line represent the 
necessary bit loading factors. As can be seen at once, the new 
system intrinsically requires lower bit loading factors. The 
difference in the bit loading factors becomes increasingly 
significant as the data rate increases. 

In the case where the same bit loading factors are specified 
for both systems, the gross transmission rates are always 
higher for the embodiment according to the present invention 
which aims for the lowest possible bit loading factors. This 
can be seen by imagining a vertical line in Fig. 6 which meets 
the abscissa at a particular value of the bit loading factor 
(e.g. 5). This line intersects the rate curves for the 
traditional concept (curve 600) and the concept according to 
the present invention (curve 602) . With the exception of the 
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upper right section in the diagram, the rates for the novel 
system always lie well above the rates for traditional 
methods. Even after deducting an additional FEC - redundancy of 
the order of 1 % to 3 % for the system according to the 
present invention with FEC redundancy, there is still a 
significant net rate gain. 

A further possibility which presents itself is to shift the 
whole frequency range or just F G i downwards or to contract the 
bandwidth of the individual sets of partial channels until the 
same net transmission rates are achieved. As a result of the 
lower cable attenuation in the lower frequency range a greater 
distance could then be spanned. 

Finally, it should be noted that it is only in the area of 
very high data rates, at the upper right in Fig. 6, that the 
differences in the attainable gross transmission rates are 
relatively insignificant for the same bit loading factors. 
This small difference is a consequence of the fact that even 
the new method only exploits the available channel capacity to 
a certain extent, though it does this better than the 
traditional method (Fig. 8) . 

The parabola-shaped curve in Fig. 6 describes the case of 
uniformization of the whole transmission channel. The maximum 
and the breaking off of the curve at higher bit loading 
factors result from the markedly LP characteristic of the 
(cable) transmission channel. This will now be explained. The 
idea of the rate gain through uniformization rests on the fact 
that the S/N ratio is not the same in the whole frequency 
range (S/N = S(f)/N(f)) and in the lower frequency range it is 
mostly much higher than it need be for a particular bit 
loading factor. As a result it is possible to extend the 
usable frequency range, i.e. the frequency range in which 
S(f)/N(f) > S/N mi n = f(Pmax). The result is a constant S/N = 
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S/N raln over the whole averaged range (it should be noted that 

in all the equations, S = signal, C = carrier and N = noise) : 

Pi = 2 

i N i N 

= j ^xSScV) (17) 



If frequency ranges with a higher than average amount of 
(noise) interference are included in this averaging, the S/N 
ratio resulting from the averaging through an orthogonal 
transformation is, on the whole, worse. This makes it 
necessary to reduce the bit loading factor, and the net result 
is that, despite the disturbed partial channels being 
occupied, the transmission rate is lower. It follows from this 
that it makes sense not to assign any set of partial channels 
to such heavily disturbed partial channels or to assign to 
them a set of partial channels which employs a correspondingly 
lower-stage coding method. If the bit loading factor used in 
defining the sets of partial channels is too small, even 
though this results in a greater usable bandwidth or a 
correspondingly large number of usable partial channels for 
this set of partial channels, the net result is a smaller 
usable data rate, which is proportional to the product of the 
number of partial channels of the set and the bit loading 
factor, for this set of partial channels. This corresponds to 
the falling part of the curve 604 on the left in Fig. 6. If, 
on the other hand, the bit loading factor chosen when defining 
the sets of partial channels is too large, this results in 
only a small usable bandwidth or a small number of partial 
channels in the set of partial channels, again resulting in 
only a small usable data rate for this set of partial 
channels. This corresponds to the falling part of the curve 
604 on the right in Fig. 6. Depending on the transmission 
quality of the individual partial channels, there is an 
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optimal bit loading factor for a first set of partial channels 
- and a certain number of particular partial channels assigned 
to this first set of partial channels for which -the 
transmission rate of this set of partial channels is a 
maximum. In the example it can be seen from Fig. 6 that there 
is an optimal bit loading factor of 6 and a resultant 
transmission rate of ca . 20 Mbits/s, given by the apex of the 
curve 604. From Fig. 5 it can be seen that this results in an 
occupied bandwidth extending from ca. 1 MHz to ca. 4.3 MHz. 
The remaining partial channels or unoccupied frequency ranges 
or partial channels can now be assigned to other sets of 
partial channels. If they are assigned to a second set of 
partial channels in the frequency range between ca. 4.3 MHz 
and ca. 5.3 MHz and if a coding method with a bit loading 
factor of 3 is used for this second set of partial channels, 
the resulting data rate for this second set of partial 
channels is about 3 Mbits/s. This is represented by the line 
connecting the points 606 and 608 in Fig. 6. 

In this way, depending on the frequency dependent cable 
attenuation and indirectly on the length of the cable, an 
optimal first bit loading factor for the first set of partial 
channels and an optimal second bit loading factor for the 
second set of partial channels can be found. 

From the form of the parabolic curve 604 in Fig. 6 it can be 
seen that by sacrificing (theoretical) transmission rate of 
the order of about 4 0 % it is possible to implement very 
simple systems with low bit loading factors and high bandwidth 
efficiency (see Fig. 8 and 5) . According to the present 
invention the high bandwidth efficiency of these systems makes 
it possible, by using the unexploited upper frequency range, 
to increase the data transmission rate to values for which bit 
loading factors higher by a factor of 2 would be required in 
conventional systems. For example, with a maximum bit loading 
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factor of 6 for a system with complete uniformization (Fig. 6) 
and using the upper frequency range (4.4 MHz ... 5.4 MHz, see 
Fig. 4) for a method with bit loading factor 3, -the result is 
a total data rate of 20 Mbits/s + 3 Mbits/s = 23 Mbits/s 
(point 608 in Fig. 6). This- is a rate which requires a bit 
loading factor of 9 in traditional systems, as shown in Fig. 
5. 

The devices and methods according to the present invention 
make possible the efficient utilization of the channel 
capacity of e.g. noisy transmission channels for which the S/N 
ratio either decreases monotonically with the frequency, e.g. 
in xDSL channels, or which deteriorates within certain 
frequency ranges, e.g. in a radio channel or in various 
special cable channels with particular cabling structures or 
particular circuit features, especially in the power line 
channel, thus resulting in considerable implementation and 
cost benefits. 
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Claims 

1. A device for transmitting information over a plurality of 
partial channels which have different transmission 
characteristics and which together form a transmission 
channel, comprising: 

a unit for grouping [(102) the information as assigned to 
the partial channels; 

a unit for coding [ (103a) ] information assigned to a first 
set of partial channels by means of a first coding method 
to obtain a first set of coded information symbols, where a 
first coded information symbol of the first set of coded 
information symbols has a first amount of information 
assigned to it; 

a unit for coding [(103b)] information assigned to a 
second set of partial channels by means of a second coding 
method to obtain a second set of coded information symbols, 
where a second coded information symbol of the second set 
of coded information symbols has a second amount of 
information assigned to it which differs from the first 
amount of information; 

a unit for combining [(104a)] the coded information 
symbols of the first set according to a first combination 
specification so as to generate a first set of combined 
coded information symbols equal in number to the number of 
partial channels of the first set of partial channels; 

a unit for combining [(104b)] the coded information 
symbols of the second set according to a second combination 
specification so as to generate a second set of combined 
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coded information symbols equal in number to the number of 
partial channels of the second set of partial channels; and 

a unit for assigning [(106)] the combined coded 
information symbols of the first set to the first set of 
partial channels and for assigning the combined coded 
information symbols of the second set to the second set of 
partial channels in such a way that each partial channel 
has a combined coded information symbol assigned to it, 
that each partial channel of the first set of partial 
channels has the whole information of the information 
symbols of the first set assigned to it, and that each 
partial channel of the second set of partial channels has 
the whole information of the information symbols of the 
second set assigned to it, 

where both the first and the second set of partial 
channels have at least one partial channel whose signal-to- 
noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally necessary 
for the coding method used by the set to which this partial 
channel belongs in order to achieve a predetermined 
reliability when decoding the information symbols, and 
whose signal-to-noise ratio as a result of combining is 
greater than or equal to the threshold signal-to-noise 
ratio . 

2. A device according to claim 1, wherein each partial 

channel of the transmission channel has a carrier with its 
own frequency assigned to it and wherein the unit for 
assigning has a unit [(106)] for impressing the combined 
coded information symbols on the corresponding carriers so 
as to generate a modulated signal representing the 
sequence of information symbols. 
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3. A device according to claim 1 [or 2], wherein the first 
coding method [ (103a) ] is a method with a 2 x -stage 
quantization of the signal space and wherein the second 
coding method [(103b)] is a method with a 2 x ~ y quantization 
of the signal space, where x = 3, x > y. 

4. A [method] device according to claim 3, wherein the number 
of partial channels in a set of partial channels is so 
chosen that the excess in the signal-to-noise ratio of 
carriers in the set is essentially completely used to 
compensate for the deficit in the signal-to-noise ratio of 
the at least one partial channel in the set in such a way 
that all the partial channels in the set have a signal-to- 
noise ratio which is greater than the threshold signal-to- 
noise ratio and which is as close as possible to the 
threshold signal-to-noise ratio. 

5. A [method] device according to claim 3 [or 4], wherein the 
transmission channel [(108)] has a plurality of carriers 
with carrier frequencies from a lower threshold frequency 
to a higher threshold frequency, where the first set of 
partial channels has carrier frequencies from the lower 
threshold frequency up to and including a middle frequency 
and where the second set of partial channels has carrier 
frequencies above the middle frequency up to the upper 
threshold frequency and where the middle frequency is so 
specified that for the parameter x = 3 the signal-to-noise 
ratio of the carrier with the middle frequency is closest 
to the threshold signal-to-noise ratio [(300)] for the 
first set of partial channels as a result of combining by 
means of the first combination specification [(104a)] and 
where the upper threshold frequency is so specified that 
the signal-to-noise ratio of the carrier with carrier 
frequency equal to the upper threshold frequency is 
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closest to the threshold signal-to-noise ratio for the 
second set of partial channels. 

6. A [method] device according to claim 3, wherein the 
transmission channel has a plurality of carriers with 
carrier frequencies from a lower threshold frequency to an 
upper threshold frequency, where there is a number of 
units for encoding and an equally large number of units 
for combining the coded information symbols for the 
respective sets of partial channels, the number being so 
chosen that, for the set with the upper threshold 
frequency, a coding method with the coarsest possible 
quantization is employed in the respective coding unit and 
where a coding method which is successively a stage finer 
for smaller carrier frequencies is employed in a 
respective coding unit, so that, for the carrier at the 
lower threshold frequency, a coding unit is employed whose 
quantization is as fine as possible, with the result that 
the data rate for the full bandwidth of the channel from 
the lower threshold frequency to the upper threshold 
frequency is a maximum. 

7. A device according to claim 1 [one of the preceding 
claims], which also has a unit for performing a forward 
error correction for partial channels, where the unit for 
performing a forward error correction is so designed that 
part of the gain in data rate is used to introduce 
redundancy into the sequence of information symbols, 
whereas the rest of the gain in data rate is used to 
increase the information rate. 

8. A device according to claim 1 [one of the previous 
claims], wherein the transmission characteristics of the 
partial channels, which affect the threshold signal-to- 
noise ratio, are known, where the amounts of information 
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of the first and the second coding unit [(103a, 103b)] are 
specified from the start in order to be able to transmit a 
certain information rate. 

9. A device according to [one of the claims 1 to 7] claim 1 , 
wherein the transmission characteristics of the partial 
channels, which affect the threshold signal-to-noise 
ratio, can be estimated roughly, so that the amounts of 
information and an assignment of partial channels to the 
first and second set of partial channels are so chosen 
that, as a result of combining, the signal-to-noise ratios 
of the partial channels exceed the estimated threshold 
signal-to-noise ratios for the partial channels by a 
security margin. 

10. A device according to [one of the preceding claims] claim 
1, wherein a partial channel which is known to have a poor 
transmission characteristic is not assigned to any set of 
partial channels. 

11. A device according to [one of the preceding claims] claim 
1, wherein the partial channels are assigned to the sets 
of partial channels according to their transmission 
characteristics, which are known beforehand, so that a set 
of partial channels has partial channels with similar 
transmission characteristics. 

12. A device according to [one of the claims 1 to 10] claim 1 , 
which also has a unit for dynamically registering the 
transmission channel and which also has a unit for 
dynamically determining the amount of information which is 
assigned by the first and second coding unit [ (103a, 
103b) ] and for dynamically assigning carriers to the first 
and second set of partial channels, so that, as a result 
of combining, the signal-to-noise ratios of the partial 
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channels are always greater than or equal to the threshold 
signal-to-noise ratios. 

13. A device according to claim 2, wherein the unit [(106)] 
for impressing the combined information symbols on the 
corresponding carriers has a unit for performing an 
inverse discrete Fourier transform [ ( IDFT ) ] , which is 
preferably implemented in the form of a fast discrete 
inverse Fourier transform [(fast DIFT) ] . 

14. A device according to [one of the preceding claims] claim 
1, wherein the first and the second combination 
specification of the units for combining [(104a, 104b)] 
are combination specifications for combining the 
information symbols in an essentially orthogonal and 
essentially normalized, i.e. in an essentially orthonormal 
or unitary, way. 

15. A device according to claim 14, wherein the first and the 
second combination specification are a Hadamard matrix or 
a pseudo random noise matrix [ (P) ] or some other 
sufficiently orthonormal or unitary matrix [(P)3 whose 
matrix elements are equal to or close to 1. 

16. A device for receiving a transmitted signal with 
information, where a first set of coded information 
symbols of the transmitted signal is generated by a first 
coding method, where the first coding method has assigned 
a first amount of information to a coded information 
symbol of the first set of coded information symbols, and 
where a second set of coded information symbols is 
generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
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symbols, where coded information symbols of the first set 
are combined according to a first combination 
specification and coded information symbols- of the second 
set are combined according to a second combination 
specification, where combined coded information symbols of 
the first set are assigned to a first set of partial 
channels and where combined coded information symbols of 
the second set are assigned to a second set of partial 
channels, where both the first and the second set of 
partial channels have at least one partial channel whose 
signal-to-noise ratio without the step of combining would 
be lower than- a threshold signal-to-noise ratio which is 
minimally necessary for the coding method used by the set 
to which this partial channel belongs in order to achieve 
a predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio with the step of 
combining is greater than or equal to the threshold 
signal-to-noise ratio, comprising: 

a unit for extracting [(110)] the combined coded 
information symbols of the partial channels from the 
received signal using the partial channels; 

a first unit for processing [(114a)] the combined coded 
information symbols of the first set using a first 
processing specification, which is the inverse of the 
first combination specification, so as to obtain the coded 
information symbols of the first set; 

a second unit for processing [(114b)] the combined coded 
information symbols of the second set using a second 
processing specification, which is the inverse of the 
second combination specification, so as to obtain the 
coded information symbols of the second set; 
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a first unit for decoding [(115a)] the coded information 
symbols of the first set so as to recapture the 
information assigned to the coded information symbols of 
the first set, the first unit for decoding being designed 
to also decode the at least one partial channel of the 
first set of partial channels; and 

a second unit for decoding [(115b)] the coded information 
symbols of the second set so as to recapture the 
information assigned to the coded information symbols of 
the second set, the second unit for decoding being 
designed to also decode the at least one partial channel 
of the second set of partial channels. 

17. A device according to claim 16, wherein the unit [(110)] 
for extracting the combined coded information symbols has 
a unit for performing a discrete Fourier transform 

[ (DFT) ] , which is preferably implemented in the form of a 
fast Fourier transform [ (FFT) ] . 

18. A device according to claim [14 or 15] 16, wherein the 
first and the second combination specification are 
combination specifications for combining the information 
symbols in an essentially orthogonal and essentially 
normalized, i.e. in an essentially orthonormalized or 
unitary, way, and wherein the first and the second 
processing specification are the inverses of these 
combination specifications. 

19. A device according to claim 18, wherein the first and the 
second processing specification are inverse Hadamard 
matrices or inverse pseudo random noise matrices or some 
other sufficiently orthonormal or unitary matrices which 
are sufficiently inverse to the combination specification 
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and whose matrix elements are equal to or close to 1. 

20. A device according to [claims 14 to 17] claim 16 , which 
also has a unit [(112)] for equalizing the received signal 
which is so designed that it normalizes the amplitudes of 
the signals of the partial channels, the unit for 
equalizing following the unit [(110)] for extracting the 
combined coded information symbols. 

21. A method for transmitting information over a plurality of 
partial channels which have different transmission 
characteristics and together form a transmission channel, 
with the following steps: 

grouping [(102)] the information as assigned to the 
partial channels; 

coding [(103a)] information assigned to a first set of 
partial channels by means of a first coding method to 
obtain a first set of coded information symbols, where a 
first coded information symbol of the first set of coded 
information symbols has a first amount of information 
assigned to it; 

coding [(103b)] information assigned to a second set of 
partial channels by means of a second coding method to 
obtain a second set of coded information symbols, where a 
second coded information symbol of the second set of coded 
information symbols has a second amount of information 
assigned to it which differs from the first amount of 
inf ormation; 

combining [(104a)] the coded information symbols of the 
first set according to a first combination specification 
so as to generate a first set of combined coded 



59 



information symbols equal in number to the number of 
partial channels of the first set of partial channels; 

combining [(104b)] the coded information symbols of the 
second set according to a second combination specification 
so as to generate a second set of combined coded 
information symbols equal in number to the number of 
partial channels of the second set of partial channels; 
and 

assigning [(106)] the combined coded information symbols 
of the first set to the first set of partial channels and 
assigning the combined coded information symbols of the 
second set to the second set of partial channels in such a 
way that each partial channel has a combined coded 
information symbol assigned to it, that each partial 
channel of the first set of partial channels has the whole 
information of the information symbols of the first set 
assigned to it, and that each partial channel of the 
second set of partial channels has the whole information 
of the information symbols of the second set assigned to 
it, 

where both the first and the second set of partial 
channels have at least one partial channel whose signal- 
to-noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally 
necessary for the coding method used by the set to which 
this partial channel belongs in order to achieve a 
predetermined reliability when decoding the information 
symbols, and whose signal-to-noise ratio as a result of 
combining is greater than or equal to the threshold 
signal-to-noise ratio. 
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A method for receiving a transmitted signal with 
information, where a first set of coded information 
symbols of the transmitted signal is generated by a first 
coding method, where the first coding method has assigned 
a first amount of information to a coded information 
symbol of the first set of coded information symbols, and 
where a second set of coded information symbols is 
generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set 
are combined according to a first combination 
specification and coded information symbols of the second 
set are combined according to a second combination 
specification, where combined coded information symbols of 
the first set are assigned to a first set of partial 
channels and where combined coded information symbols of 
the second set are assigned to a second set of partial 
channels, where both the first and the second set of 
partial channels have at least one partial channel whose 
signal-to-noise ratio without the step of combining would 
be lower than a threshold signal-to-noise ratio which is 
minimally necessary for the coding method used by the set 
to which this partial channel belongs in order to achieve 
a predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio with the step of 
combining is greater than or equal to the threshold 
signal-to-noise ratio, with the following steps: 

extracting [(110)] the combined coded information symbols 
of the partial channels from the transmitted signal using 
the partial channels; 

processing [(114a)] the combined coded information symbols 
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of the first set using a first processing specification, 
which is the inverse of the first combination 
specification, so as to obtain the coded information 
symbols of the first set; 

processing [(114b)] the combined coded information symbols 
of the second set using a second processing specification, 
which is the inverse of the second combination 
specification, so as to obtain the coded information 
symbols of the second set; 

decoding [(115a)] the coded information symbols of the 
first set so as to recapture the information assigned to 
the coded information symbols of the first set, the first 
unit for decoding being designed to also decode the at 
least one partial channel of the first set of partial 
channels; and 

decoding [(115b)] the coded information symbols of the 
second set so as to recapture the information assigned to 
the coded information symbols of the second set, the 
second unit for decoding being designed to also decode the 
at least one partial channel of the second set of partial 
channels. 

23. A method according to claim 22, which also has the 
following step preceding the processing steps: 

normalizing [(112)] the partial channels in such a way 
that, following normalization, the value of the power is 
substantially the same for each partial channel. 
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A device and a method for transmitting and 
a device and a method for receiving 



Abstract 



In a device for transmitting a sequence of information symbols 
over a plurality of partial channels having different 
transmission characteristics and together forming a 
transmission channel, the sequence of information symbols is 
grouped [(102)], whereupon a first set and a second set of the 
information symbols are coded [ (103a, 103b) ] using different 
coding methods. The coded information symbols are then 
combined in sets [(104a, 104b)] and are transmitted over a 
channel having two sets of partial channels. Both the first 
and the second set of partial channels have at least one 
partial channel whose signal-to-noise ratio without combining 
would be lower than a threshold signal-to-noise ratio which is 
minimally required by the coding method used for the set to 
which this partial channel belongs in order to achieve a 
predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio is greater than or 
equal to the threshold signal-to-noise ratio as a result of 
the combination step. The concept of transmitting and 
receiving according to the present invention permits an 
increased transmission rate since there is at least one 
partial channel in each set as a result of the setwise 
combination . 
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Channel allocation method and apparatus for coded and combined 
sets of information 



Description 



The present invention relates to a device and a method for 
transmitting and to a device and a method for receiving and in 
particular to a multi-channel concept wherein different coding 
methods are employed. 



The high-rate data transmission in existing telephone networks 
between the exchange and the terminal is becoming increasingly 
important with the introduction of new Internet services. For 
economic reasons only the existing copper cables are available 
initially for this purpose. However, these were originally 
dimensioned exclusively for the transmission of low-frequency 
speech signals and they are characterized by markedly low-pass 
behaviour. Using appropriate line codes, it is possible to 
transmit 144 kbits/s over distances of up to about 5 km (ISDN 
basic access) and, depending on the quality of the cable and 
the prevailing interference environment, 2 Mbits/s over 
distances of 2 - 3 km (ISDN primary group access) . These 
methods employ low-stage, usually ternary or quaternary, 
coding methods. 

Due to the rapid increase in the line attenuation with 
frequency and the rapid increase in the interference between 
the individual neighbouring line pairs of a cable these cited 
methods with their line codes are not, however, suitable for 
the transmission of still higher bit rates. 

For the transmission of higher data rates the many-carrier or 
multi-carrier methods with spectral matching to the 
transmission channel, the theory of which has long been known, 
have been developed recently for practical application. 
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Through their virtual division of the transmission channel 
into a plurality of individual partial channels, these methods 
permit better utilization of the transmission channel. 

In the following a description of traditional OFDM (Orthogonal 
Frequency Division Multiplexing) and DMT {Discrete Multi Tone) 
methods will first be given in which it is shown that a 
particular piece of information is transmitted over precisely 
one carrier frequency, i.e. one partial channel. 

The bit error probability of a digital transmission system is 
mainly determined by the chosen modulation method on the one 
hand and on the other by the interference superimposed on the 
received signal at the receiver. The choice of the modulation 
method here determines the bits which can be transmitted with 
each modulation symbol. Due to the lower line attenuation and 
the lower crosstalk between adjacent wire pairs, the partial 
channels in the lower frequency range exhibit a considerably 
higher signal-to-noise ratio (S/N ratio; S/N = carrier/noise) 
at the receiver than do partial channels in the higher 
frequency ranges. As a result it is possible to transmit more 
information per modulation symbol in low-frequency partial 
channels by employing higher-stage modulation methods. This 
leads to a higher overall transmission rate. In xDSL 
transmission methods (DSL = Digital Subscriber Line) only 2 X 
QAM modulation methods (QAM = Quadrature Amplitude Modulation) 
are employed. In these modulation methods a certain number of 
bits are imposed on a cos carrier and a sin carrier with one 
frequency by amplitude modulation. The number x of the pieces 
of information in bits which are imposed on a carrier 
oscillation when modulating by means of a 2x-stage modulation 
method is called the bit loading factor or bit loading. 

In xDSL methods it is ensured, by appropriate choice of the 
transmission duration and of the frequency separation of the 
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individual carrier oscillations, that sufficient orthogonality 
exists between all the carrier oscillations, at least in the 
case of a distortion-free transmission. It is thus possible to 
regard the individual carrier oscillations as independent 
partial channels within the whole transmission channel. The 
individual sin and cos carrier oscillations are generated not 
by separate modulation of N separately generated carrier 
oscillations but collectively by inverse discrete Fourier 
transform (IDFT) of a vector t with N complex-value 
components . 

Fig. 7 of the present invention shows a traditional OFDM 
transmission path or a traditional DMT transmission path. The 
transmission path has a source 700 which emits a sequence of 
information symbols. By means of a unit 702 for grouping, M 
information symbols supplied by the source 700 are 
respectively grouped together and mapped onto the N components 
of a vector t. In general M is not equal to N and during 
mapping the choice of modulation method is taken into account 
by means of a suitable coding, i.e. suitable weighting and 
allocation to the individual components of the vector t. A 
particular information symbol is here allocated to just one 
component of the vector t. The unit 702 for grouping is 
followed by a unit 704 for imposing the information symbols or 
the components of- the vector t on the corresponding carrier 
frequencies of the transmission channel. Each component of the 
vector t is here imposed on just one carrier oscillation by 
means of an inverse Fourier transform (IDFT) . A modulated 
signal v is obtained, which is transmitted over a distorting 
transmission channel 706 at the end of which a distorted 
signal w emerges, the carriers or components of which are 
differently distorted by the channel depending on their 
carrier frequency. 
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The signal w is demodulated by a unit 708 for extracting, i.e. 
a unit for performing a discrete Fourier transform (DET) , so 
as to extract the information symbols or the individual 
carrier oscillations with the imposed information symbols. 
Then, in a unit 710 for equalizing or in a channel equalizer, 
the frequency-dependent distortion of the signal caused by the 
transmission channel is compensated to the extent that is 
necessary and/or possible so as to obtain an equalized signal 
z which is converted back into a sequence of information 
symbols by a unit 712 for revoking the grouping and is passed 
on to a sink 714 or receiver (the addressee of the message) . 

The valid standard for the transmission method ADSL (ADSL = 
Advanced Digital Subscriber Line) provides e.g. for the 
splitting of the frequency range 26 kHz to 1104 kHz into a 
total of 248 partial channels with a bandwidth of 4.35 kHz 
each. For the transmission in the low-frequency partial 
channels, the standard then provides for the use of a 2 15 QAM 
modulation method with an information rate or a bit loading of 
15 bits/modulation symbol, in contrast to the uppermost 
partial channels where simply a 4 QAM modulation method with 
an information rate of 2 bits /modulation symbol is employed. 
The number of stages of the modulation method employed in the 
various partial channels decreases in line with the decrease 
in the S/N ratio with frequency. Overall the result is a gross 
transmission rate of about 8 Mbits/s within a frequency range 
of 26 kHz to 1104 kHz, which corresponds to a bandwidth 
efficiency of about 7.6 bits/Hz. If one adopts the cable 
configurations cited in the standard, the resulting distance 
which can be bridged is about 6 km, depending on the line 
attenuation and the transmitted data rate. 

Fig. 8 shows the S/N ratio of the channel, which defines the 
upper frequency limit of the partial channels, as a function 
of the frequency, and the usable carrier occupancy for the 
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traditional OFDM or DMT method. The steadily falling curve in 
Fig. 8 shows the variation with frequency of the S/N ratio 
resulting from the cable attenuation. An interference noise 
with constant spectral interference power density N 0 is assumed 
here. The step-shaped decreasing curve shows the usable S/N 
ratio for a 2 X modulation method. The abrupt decline of the 
step curve results from the fact that even for the low-stage 
modulation method 4 QAM (or 2 QAM) which is employed a certain 
minimum S/N ratio is necessary to ensure a particular bit 
error rate. This value results in part from the desired 
reliability of the transmission and implementation effort for 
the FEC (FEC = Forward Error Correction) . This minimum S/N 
ratio for the low-stage modulation method is termed the 
implementation margin in this description. In Fig. 8 a value 
of 14 dB has been adopted as an example. 

A disadvantage of the method described above is that, despite 
the spectral efficiency of about 7.6 bits/Hz, the method for 
the digital signal processing requires a digital-analog and 
analog-digital conversion with an accuracy of considerably 
more than 2x7 bits, i.e. a signal space quantization in 
excess of 2 15 , which corresponds to double the actual 
bandwidth efficiency of the transmission method. This 
precision is necessary to ensure that the whole of the 
information transmitted in the lower partial channels can be 
encoded and decoded without error. 

A further disadvantage of the method described above is that 
the digital-analog and analog-digital conversion must take 
place at a frequency which is at least twice that of the upper 
partial channel. There are therefore serious implementation 
disadvantages . 

A further disadvantage of the method described above is that 
the whole of the signal processing up to the discriminator, 



e.g. the requisite Fourier transform, must be performed with a 
numerical precision which is such as to guarantee that any 
rounding errors which occur do not hinder the error-free 
recording of the information in low-frequency partial 
channels . 

A further disadvantage of the method described above is that 
the modulation methods used for the individual partial 
channels can only be adjusted in steps of powers of 2. 
Consequently a change from a 2 x -stage modulation method to a 
2 x+1 -stage modulation method can only be made when the S/N 
ratio in the respective partial channel has increased by a 
factor of 2. A smaller increase in the S/N ratio cannot be 
exploited. 

In the specialist publication "Channel Coding and Modulation 
for Transmission over Multipath Channels", Jiirgen Lindner, 
AEU, Vol. 49, No. 3, 1995, pp. 110-119, various methods for 
channel coding and modulation for transmission over multipath 
channels are described. The work is based on a coded 
modulation together with a linear block modulation with 
orthogonal functions. This incorporates normal multi-carrier 
methods according to the OFDM technique and also the 
generalization thereof, which is called the OCDM method, the 
"C" standing for "coding". In the OCDM method the 
"transmission load" is transmitted over all the OFDM partial 
channels in that the vector which includes all the symbols for 
parallel transmission over all the channels is multiplied by a 
unitary matrix. Each OFDM partial channel thus carries a part 
of each component of the vector, i.e. of each symbol. A 
corresponding algorithm on the receive side consists of a 
matrix multiplication with a matrix which is the complex 
transposed conjugate of the matrix in the transmitter. Since 
all the symbols which are transmitted in parallel over a 
transmission channel are combined with each other, the total 
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noise power of the channel will be uniformly distributed over 
all the partial channels after an inverse combination-in the 
receiver. 

A disadvantage of this method is that it is not applicable to 
modulation methods described in Fig. 7 and Fig. 8. Because of 
the different signal-to-noise ratios, different partial 
channels require different coding methods to ensure that a 
symbol transmitted over such a channel can be decoded in the 
receiver with sufficient reliability. A uniformization over 
the whole transmission channel would thus mean that only the 
carriers with higher carrier frequencies, for which coding 
methods which assign relatively little information have been 
adopted, can be decoded again correctly whereas lower 
frequency carriers, for which higher-stage coding methods have 
been adopted, can no longer be decoded correctly because of a 
violation of the threshold signal-to-noise ratio, i.e. of the 
signal-to-noise ratio which is minimally needed to achieve a 
correct decoding of this partial channel with a predetermined 
reliability, thus resulting in a serious loss of information. 

A further problem, with the known method of combining all the 
carriers with each other is that, if a transmission channel 
has one or more frequency ranges in which there is a very high 
attenuation and/or a very high interference power, there may 
be a complete loss of information in the whole transmission 
channel if the result of the reverse combination in the 
receiver is an averaged signal-to-noise ratio which falls 
below a certain value. In other words, just a very few very 
bad partial channels may cause the bit error rate to fall 
below a specified minimum value when decoding all the partial 
channels. The only remedy for this is either to increase the 
transmitted power' in all the partial channels or to employ a 
coding method which assigns less information to an information 
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symbol in such a way that the threshold signal-to-noise ratio 
suffices for a decoding with a specified minimum reliability. 

These two possibilities are not desirable, however, since an 
increase in the transmitted power may not be feasible, e.g. 
when a maximum spectral power density of the transmitted 
signal or a maximum overall power of the transmitted signal 
has been specified, or when the application requires a certain 
minimum transmission rate, which can no longer be achieved 
using low-stage modulation methods. 

It is the object of the present invention to provide a device 
and a method for transmitting a sequence of information 
symbols and a device and a method for receiving a transmitted 
signal which exploit efficiently the available capacity of the 
transmission signal while being simple to implement. 

This object is achieved by a device for transmitting according 
to claim 1, by a device for receiving according to claim 16, 
by a method for transmitting according to claim 21 and by a 
method for receiving according to claim 22. 

The present invention is based on the finding that, through 
uniformization of the noise power density or interference 
power density or through uniformization of the signal-to-noise 
ratio in the respective sets of the partial channels of a 
disturbed transmission channel or by distributing the 
information for transmission over sets of partial channels of 
an overall transmission channel, a better exploitation of the 
available capacity of the transmission channel can be 
achieved, so that it is possible to increase the reliability 
of the transmitted information. 

The concept according to the present invention is 
characterized by the fact that the transmission channel is 
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already taken account of when transmitting in that at least 
two different coding methods are employed which diffex as to 
the amount of information they assign to an information symbol 
and that the coding methods are taken into account when the 
coded information symbols from the respective partial sets are 
combined. As a consequence, only partial channels within a set 
of partial channels are combined with one another, i.e. only 
partial channels which have been encoded with the same coding 
method are combined with each other. The unif ormization of the 
signal-to-noise ratio does not therefore take place over the 
whole transmission channel but is tailored to the channel or 
to the different coding methods. As a result of the 
uniformization in' the two partial sets, i.e. the combination 
of the coded information symbols in the individual sets of 
partial channels, each set of partial channels has at least 
one partial channel whose signal-to-noise ratio, without the 
combination step, would be smaller than a threshold signal-to- 
noise ratio that is minimally necessary for the coding method 
used for the set to which this partial channel belongs to 
obtain a predetermined reliability when decoding the 
information symbols, and whose signal-to-noise ratio, thanks 
to the combination step, is greater or equal to this threshold 
signal-to-noise ratio. 

A threshold signal-to-noise ratio will normally be defined 
such that a decoder in the receiver can decode the coded 
information symbols with a bit error rate that is below a 
maximum permissible bit error rate. Naturally this value is 
variable, depending on the application, according to the 
quality of the reception required in the receiver. 

It should be noted that to employ the method according to the 
present invention in its most general form, it is not 
necessary to have exact knowledge of the transmission channel, 
only a rough idea of the transmission channel is needed which 
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permits a rough evaluation of the threshold signal-to-noise 
ratio for each partial channel. However, the more accurately 
the transmission channel is known, or is measured dynamically, 
the more precisely the different modulation methods and the 
different sets of partial channels can be adapted to the 
transmission channel, resulting in a correspondingly higher 
exploitable transmission rate. In the case of precise 
knowledge of the transmission channel, the method according to 
the present invention can thus provide a much higher 
transmissible information rate than can the prior art. Even 
when the channel is only very roughly estimated, the present 
invention can, thanks to the use of at least two coding 
methods in association with the use of at least two 
combination specifications, still provide a channel-adapted 
transmission. The data rate of the transmit/receive concept 
according to the present invention is increased due to the 
fact that each set of partial channels contains at least one 
partial channel whose signal-to-noise ratio, because of 
combining, is greater than or equal to a threshold signal-to- 
noise ratio, which means that, for this partial channel at 
least, a higher-stage coding method can be applied, i.e. more 
information can be allocated to it, than is so in the prior 
art, which is represented in Fig. 8. Furthermore, the method 
according to the present invention permits an increase in the 
exploitable overall bandwidth of the transmission channel 
since the at least one partial channel of the second set of 
partial channels can no longer be used in the known method as, 
without the combining in the second partial set, the signal- 
to-noise ratio for this partial channel was already lower than 
the threshold signal-to-noise ratio. 

The method according to the present invention offers 
considerable flexibility as to how closely the reliability 
limit is approached when uniformizing the signal-to-noise 
ratio in a set of partial channels. In other words, the 
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signal-to-noise ratio of the partial channels in a set of 
partial channels decreases progressively with an increase in 
the number of partial channels which are involved in the 
combining process and which without combination would have a 
transmission quality which would not meet the demands of the 
coding method for this set of partial channels. A good 
compromise between transmission rate and reliability can thus 
always be achieved. 

If the signal-to-noise ratio of the partial channels in a set 
of partial channels is chosen to be very near the threshold 
signal-to-noise ratio, the number of partial channels in which 
a higher value coding method can be used is high, as a result 
of which a correspondingly higher data rate can be achieved, 
provided the channel is known with sufficient precision. If, 
on the other hand, the number of partial channels which, 
compared to the known method, can also be coded with the 
higher stage coding method is chosen to be small, the signal- 
to-noise ratio of the partial channels in the set of partial 
channels lies well above the minimally necessary threshold 
signal-to-noise ratio. In this case the transmission channel 
does not have to be known so precisely, since deviations in 
the transmission behaviour do not directly lead to the signal- 
to-noise ratio falling below the necessary minimum signal-to- 
noise ratio and thus to a loss of the information transmitted 
in this set of partial channels. Even if, in the case of a 
channel which is poorly known, a "transmission hole" occurs, 
the worst that can happen is simply a total loss of the set of 
partial channels in which the transmission hole lies. The 
partial channels of the at least one other set are not 
affected, however, since combination did not take place over 
the whole transmission channel but simply within the sets of 
partial channels. It is clear that this compromise depends 
very much on the application. 
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In the method according to the present invention what can be 
very simply adapted to the given application is the number of 
different coding methods and modulation methods employed and 
the resulting number of sets of partial channels which are 
used. If the sole optimization criterion of an application is 
the maximization of the transmissible information rate, i.e. 
if the available channel capacity is to be exploited optimally 
without considering any further boundary conditions, the 
obvious thing to do is to use a larger number of sets of 
partial channels, thereby achieving optimal spectral matching 
to the transmission channel. In this case the allocation of 
the individual channels to the various sets of partial 
channels is performed in such a way that, while employing sets 
of partial channels with possibly very different bit loading 
factors, i.e. coding methods, which may differ markedly as to 
signal space quantization, depending on the application, the 
allocation achieves optimal matching to the transmission 
channel and a maximum transmissible information rate. However, 
this sometimes has the disadvantage that very precise A/D 
converters or arithmetic units are needed. If the optimization 
criterion of the application is specified to be the simple 
implementation of the signal processing units in the 
transmitter and receiver, however, the method according to the 
present invention offers the possibility of transmission 
channel matching by using a minimum of 2 sets of partial 
channels with different coding methods, e.g. with a first set 
of partial channels in which a 2 2 QAM method is used as the 
coding method and' a second set of partial channels in which a 
2 3 QAM method is used. The method according to the present 
invention, through unif ormization, makes it possible to extend 
the usable transmission frequency range compared with that in 
the prior art and thus to increase the transmissible 
information rate compared with methods according to the prior 
art. 
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The' present invention also provides a high degree of 
flexibility as regards the occupancy of the sets of partial 
channels. For a transmission with maximum data rate, the 
number of sets of partial channels will correspond to the 
number of maximum possible coding methods. If the requirement 
is for simple implementability, e.g. the use of A/D and D/A 
converters with a coarse amplitude quantization, simple 
implementation of the numerical signal processing or the 
permissibility of larger linear or non-linear signal 
distortions, the number of sets of partial channels will be 
minimal and only coding methods with coarse quantization of 
the signal space will be used. In the extreme case, the number 
of sets of partial channels will be the same as the required 
minimum number of 2 and two different coding methods, in the 
extreme case a 2 2 .QAM and a 2 3 QAM method, will be used for 
coding purposes, it being possible to specify the upper 
frequency limit of the first set of partial channels or the 
lower frequency limit of the second set of partial channels 
according to the requirement. If the aim is to achieve the 
highest possible data rate, the upper frequency limit of the 
first set of partial channels is chosen to be as high as 
possible such that all the partial channels of the first set 
of partial channels have only a small implementation margin in 
terms of the threshold signal-to-noise ratio determined by the 
coding method. The accuracy with which this can be performed 
is determined by the accuracy with which the transmission 
behaviour of the overall channel is known. 

If it is known that a transmission channel has partial 
channels with poor or very poor transmission behaviour, the 
obvious thing to do is to exclude these partial channels from 
the allocation to the sets of partial channels and thus from 
the transmission. A different bunching of the sets of partial 
channels, depending on their exact transmission behaviour, 
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combined with an extension of the exploitable frequency range 
of the transmission channel, thus becomes possible. 

The method according to the present invention thus also 
provides flexibility in that it is not necessary to combine 
the information symbols of all the carriers, as in the prior 
art, but that partial channels or carriers between two sets of 
partial channels can be left "untreated" or are not supplied 
with information of any kind. This concept can also be 
extended in that a number of bands are not combined in a 
transmission channel. 

Finally, the transmit/receive concept according to the present 
invention is applicable not just to multi-carrier methods, 
such as the OFDM method, but also to other coding methods and 
modulation methods and also other transmission channels having 
partial channels with different transmission behaviour, i.e. 
different transmission quality, e.g. to classical coding 
methods with different-stage pulse amplitude modulation 
methods and to transmission channels with time -dependent 
transmission behaviour, i.e. channels where the transmission 
quality of the individual partial channels varies with time. 
Examples are the radio channel and the various propagation 
modes on a 4 -wire- line. 

An advantage of the present invention is that it makes 
possible a better utilization of the capacity of the 
transmission channel or of the partial channels of the 
transmission channel and thus a higher transmission rate, in 
particular when the permissible spectral power density of the 
transmitted signal or the total power of the transmitted 
signal is limited. 

A further advantage of the present invention is that the part 
of the transmission rate gained by the present invention can 
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be used fully or partially as additional redundancy so as to 
increase the reliability of the transmission. 

A further advantage of the present invention is that the 
increase in the available transmission rate in the whole 
transmission channel, or in partial channels of the 
transmission channel, for a given transmission rate can be 
used to reduce the maximum necessary bit loading factor, so 
that the implementation outlay and the costs e.g. of the A/D 
and D/A conversion as well as the outlay needed for the 
numerical signal processing can be reduced. 

A further advantage of the present invention is that 
suboptimal systems with very low bit loading factors and large 
bandwidth efficiency can be realized for the transmission of 
information over linearly distorting disturbed channels. 

A further advantage of the present invention is that signals 
with lower bit loading factors can be used, which makes it 
possible to employ a coarser-stage amplitude quantization and, 
consequently, to tolerate greater linear or non-linear signal 
distortions. 

Preferred embodiments of the present invention are described 
in detail below making reference to the enclosed drawings, in 
which 

Fig. 1 shows a schematic block diagram of the 

transmit/receive concept according to the present 
invention using the example of a multi-carrier 
modulation by means of the OFDM methods- 
Fig . 2 shows a graphic representation of the bandwidth gain 
from the transmit concept according to the present 
invention; 
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Fig. 3 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to an 
embodiment of the present invention; 

Fig. 4 shows a comparison of the carrier occupancy according 
to the present invention, shown in Fig. 4, and the 
carrier occupancy in the traditional DMT method, 
sketched in Fig. 8; 

Fig. 5 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
and the usable carrier occupancy according to another 
embodiment of the present invention in which small bit 
loading factors are desired; 

Fig. 6 shows how the achievable data rate varies with maximum 
bit loading factor for the traditional carrier 
occupancy sketched in Fig. 8, for the carrier occupancy 
according. to the first embodiment of the present 
invention sketched in Fig. 3, and for the carrier 
occupancy according to the second embodiment of the 
present invention sketched in Fig. 5; 

Fig. 7 shows a traditional OFDM transmission path; and 

Fig. 8 shows the minimum signal-to-noise ratio of the 

transmission channel for a certain receive reliability 
as a function of the frequency and also the threshold 
signal-to-noise ratio of the different coding methods 
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and the usable carrier occupancy according to the known- 
OFDM concept of Fig. 7. 

Fig. 1 shows an overall view of the transmit /receive concept 
according to the present invention. On the left hand side of 
Fig. 1 there is a device for transmitting information from a 
source 100, which has a unit 102 for grouping the information 
and converting it into signal values, most generally for 
serial/parallel conversion, which correspond to the 
subsequently used coding methods, and a first coding unit 
103a, a second coding unit 103b, a first combination unit 
104a, a second combination unit 104b and also a unit for 
allocating the combined coded information symbols to the 
partial channels, which in the case of an OFDM method might be 
a unit for performing an inverse discrete Fourier transform, 
which is designated in Fig. 1 by the reference numeral 106. 

As will be explained later, the first and the second coding 
methods, and when there are more than two coding methods the 
further coding methods, allocate to the respectively generated 
coded information symbols certain, coding method related, 
amounts of information. In the exemplary case, where the 
information is in- the form of bits, the amounts of information 
differ in the number of bits. The unit 102 for grouping will 
then distribute the information bits among the partial 
channels in such a way that, for each partial channel, the 
number of information bits required for the coding method 
employed, are grouped together. If partial channels are 
subjected e.g. to a 2 2 QAM coding method, the grouping unit 
will supply each of these partial channels with 2 information 
bits. If, on the other hand, partial channels are subjected 
e.g. to a 2 5 QAM coding method, the grouping unit will supply 
each of these partial channels with 5 information bits. The 
coded information symbol, which is generated by the encoder, 
thus has an amount of 2 information bits allocated to it in 
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the first case and an amount of 5 information bits in the 
second case. The grouping unit therefore performs the~f unction 
of allocating to each of the used partial channels the amount 
of information which the coding method employed for the 
respective partial channel requires it to have. 

The output signal of unit 10 6 is transmitted over the channel 
108 to the input of the receiver. This channel can take 
different forms, e.g. it might be a cable channel in the form 
of a telephone line or power supply line, or it might be a 
radio channel. In these cases it would be necessary to 
supplement Fig. 1 with units for matching the transmitted 
signal and the received signal to such a channel. Transmission 
over the channel causes the signal to be attenuated and 
distorted. In addition, various types of interference are 
additively imposed on the signal. The output signal of the 
channel, denoted by w, forms the input signal of the unit 110 
of the receiver. 

The receiver includes a unit 110 for extracting the received 
symbols and allocating them to the individual partial 
channels. In the OFDM case shown here this is a unit which 
performs a discrete Fourier transform. It is followed by a 
channel equalizer to bring all the partial channels, 
irrespective of the individual signal attenuations occurring 
during transmission, to the same level. The channel equalizer 
112 is followed by a first unit for performing an inverse 
combination 114a and a second unit for performing an inverse 
combination 114b, the outputs of which in turn are connected 
to a first decoder 115a and a second decoder 115b, which, on 
the output side, supply decoded information symbols which are 
converted, by a unit 116 for parallel/serial conversion of the 
decoded information symbols, into a serial data stream which 
can then be fed to an information sink 118. 
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if the transmission is secured by methods for forward error 
correction ( FEC : Forward Error Correction) or by methods for 
automatically repeating the transmission (ARQ: Automatic 
Request) or a combination of such methods, the obvious places 
to locate the required units are between the units 102 and 
103a and 103b on the transmit side and between the units 115a 
and 115b and 116 on the receive side. 

By definition the partial channels which are encoded by the 
first encoder 103a are referred to as the first set of partial 
channels. In the very schematic example shown in Fig. 1, in 
which there are only seven partial channels, the first four 
partial channels seen from the top form the first set of 
partial channels with the numbers 1 to 4 . The last three 
partial channels form the second set of partial channels, i.e. 
the partial channels with the numbers 5, 6 and 7. 

The two encoders 103a and 103b differ in that the amount of 
information which they respectively assign to a coded 
information symbol differs. Whatever modulation method is used 
in a set of partial channels, this assignment is made as 
follows: a certain number of information symbols of unit 102 
are combined and the corresponding partial channel from the 
set of partial channels has a corresponding (dependent on the 
quantization of the signal space by the modulation method) 
generally complex-value signal value assigned to it at the 
corresponding output. The number of outputs of the encoder 
103a corresponds to the number of partial channels in the 
first set of partial channels and normally differs from the 
number of assigned inputs, the difference depending, for each 
set of partial channels, i.e. for each encoder, on the 
particular modulation method chosen for the partial channel. 
In the case of the QAM modulation method used for a 
transmission according to the ADSL standard, the two encoders 
103a and 103b differ in that QAM methods with different 
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quantization of the signal space are used, something which is 
described in terms of different bit loading factors in the 
description of the ADSL standard. For example, if a 2 X QAM 
modulation method is used in the first set of partial 
channels, the encoder 103a might always consider x information 
symbols together and, dependent on these, generate one of 2 X 
possible signal levels for the output signal of the associated 
partial channel, while the encoder 103b would then always 
combine (x-y) information symbols for the second set of 
partial channels and, depending on these, generate another of 
2 (X ~ Y) possible signal levels at the output of the associated 
partial channel. 

The two combiners 104a, 104b effect a combination of the 
partial channels in the respective set of partial channels. 
Mathematically this combination can be described for each of 
the combiners 104a and 104b as the matrix multiplication of a 
vector t of respective input signals with a matrix P, 
resulting in a respective vector of output signals for the 
corresponding set of partial channels. The matrices of the 
various combiners can differ individually or be the same. The 
exact choice of combination specifications or the respective 
matrices P of the' combiners 104a and 104b must be undertaken 
in conformity with the inverse combination specifications of 
the receiver units 114a and 114b, and, as will be shown, 
orthogonal and normalized, i.e. orthonormalized or complex 
unitary matrices, offer advantages. Through this combination 
every item of information of each output signal of the encoder 
103a or 103b is impressed on each output signal of the 
respective combiner 104a or 104b, i.e. each item of 
information of each partial channel of the respective set of 
partial channels is impressed on each partial channel of the 
respective set of partial channels. Here the power 
distribution of each coded symbol of each partial channel 
should normally be uniform among the individual partial 
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channels of the sets of partial channels. Even if only one 
combination specification is always referred to in the 
following, what is said applies to both combination 
specifications or, in the general case, to each of the n 
combination specifications involved. 

The transmit /receive concept shown in Fig. 1 is also referred 
to hereinafter as the COFDM transmission path (COFDM = Coded 
Orthogonal Frequency Division Multiplexing) . This is suitable 
for a DSL channel but can also be employed for other channels 
with partial channels which differ as to their transmission 
characteristics . 

The sequence of information symbols is grouped, in a unit 102 
for grouping the sequence of information symbols , into a group 
of information symbols per partial set and is then encoded per 
partial set to obtain a vector t of coded information symbols 
for each partial set. The number of elements or coded 
information symbols of this vector t corresponds to the number 
of partial channels of the respective set of partial channels, 
in the case of a COFDM method the number of transmission 
channel carriers or carrier frequencies used in this partial 
set . 

The vector t is then processed per partial set in a unit 104a 
or 104b for combining the coded information symbols of the 
vector t according to a combination specification. These units 
104a, 104b for combining may e.g. map the vector t onto some 
other vector u via a respective matrix P. In this mapping the 
individual elements or coded information symbols of the vector 
t are combined together to create a number of combined 
information symbols or elements of the vector u equal to the 
number of carriers or partial channels in this set of carriers 
or partial channels. The combination specification distributes 
the information of the individual coded information symbols 
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among the combined coded information symbols. This 
distribution might be effected e.g. by mapping the vector t 
onto the vector u via an orthogonal and normalized, or 
orthonormal, matrix P. 

It should be noted that the present invention does not require 
the combination matrices for the sets of partial channels or 
carriers to be exactly orthonormal; all that is necessary is a 
sufficient degree of orthonormality , although it is likely 
that the best results when undoing the combination in a set of 
partial channels will be achieved for highly orthonormal 
matrices . 

The matrix P here may e.g. be a Hadamard matrix or a PN matrix 
(PN = Pseudo-Noise = a matrix derived from a random sequence) 
or some other sufficiently orthonormal matrix which is inverse 
to the matrix Q of the associated unit (114a, 114b) . 

The vector of the' combined coded information symbols u is then 
submitted to a unit 106 for impressing the combined coded 
information symbols, i.e. the elements of the vector u, onto 
the corresponding partial channels or carriers of the sets of 
partial channels or carriers to create a modulated signal 
which represents the sequence of information symbols. This 
signal is denoted by a vector v. In the case of COFDM methods 
e.g. the unit 106 for impressing the information symbols 
performs an inverse discrete Fourier transform (IDFT) . 

The modulated signal v is then transmitted over a transmission 
channel 108 with a frequency response a(f), e.g. a DSL channel 
or some other wired channel such as a telephone line or a 
power supply line or some other channel with a frequency 
dependent transfer function and/or frequency dependent channel 
interference noise, such as a radio channel. The present 
invention is not, however, restricted to channels whose 
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individual partial channels have different carrier 
frequencies. The present invention is suitable for all 
transmission channels which have partial channels with 
different transmission characteristics. 

At the end of the channel a signal, possibly distorted by the 
channel, is received, on which various types of interference 
have been additively superimposed. A vector w representing the 
signal is fed into a unit 110 for extracting the combined 
coded information symbols from the modulated signal or the 
vector w using the plurality of orthogonal or at least 
sufficiently orthogonal carriers. The unit 110 for extracting 
now performs the inverse operation of unit 106 for impressing, 
i.e. for the COFDM method e.g. a discrete Fourier transform 
(DFT) or some other transform which is sufficiently inverse to 
the operation performed by unit 106. The result of the 
extraction is a vector x whose elements are the combined coded 
information symbols assigned to the individual partial 
channels or, in the case of COFDM, to the individual carriers. 

The unit for extracting knows, e.g. through specification when 
designing the transmission system or through auxiliary 
information in the received channel or in a separate auxiliary 
channel, how the transmission channel was subdivided into the 
sets of partial channels in the transmitter. On the output 
side it supplies the input signals for the at least two 
inverse combiners (114a, 114b) , which in turn feed the at 
least two decoders (115a, 115b), as is shown in Fig. 1. 

If the channel is not disturbed or distorted, the vector x is 
the same as the vector u. The elements of the vector x, i.e. 
the individual partial channels, in the case of COFDM e.g. 
according to the respective assignment to a carrier of the 
transmission channel, are, however, disturbed differently by a 
frequency dependent attenuation of the channel and by 
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additively superimposed types of interference and furthermore 
a disturbance due to white interference noise is superimposed 
on the individual components of the vector. Through the 
preceding combination of the information symbols in unit 104 
for combining, the information symbols of the group of 
information symbols or of the vector t are e.g. distributed 
uniformly or nearly uniformly over all the combined 
information symbols, e.g. the elements of the vector u. 
Although the combined coded information symbols are disturbed 
and distorted differently by the channel, depending on the 
carrier, the original coded information symbols of the group 
of information symbols can be equalized by the channel 
equalization in block 112 in such a way that the output signal 
of the channel equalizer has a constant power density as a 
function of frequency, something which will be described in 
more detail later. 

The demodulated signal or the vector x of the received 
combined coded information symbols is thus fed into a channel 
equalizer 112 which e.g. equalizes the frequency response a(f) 
of the channel. After the channel equalizer 112 the 
demodulated equalized signal or the vector y is fed, depending 
on the partial set, into a unit 114a or 114b for processing 
the combined information symbols. The processing 
specifications of these units 114a, 114b for processing are 
inverse to the combination specifications of the units 104a, 
104b for combining so as to reverse the combinations in the 
partial sets and so as to be able to extract the coded 
information symbols of the sequence of coded information 
symbols from the combined coded information symbols. 

The processing specification of the unit 114a, 114b is a 
reversal or approximate reversal of the combination 
specification of the unit 104a, 104b, i.e. e.g. a matrix 
operation with an orthonormal or sufficiently orthonormal 
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matrix Q which is inverse or nearly inverse to the matrix P, 
i.e. where Q is approximately P" 1 , such as e.g. an inverse 
Hadamard matrix, an inverse PN matrix or some ether 
sufficiently orthonormal matrix. What emerges again finally is 
the sequence of coded information symbols, referred to here as 
vector z. 

As can be seen from Fig. 1, the coded information symbols of 
each set are now fed into their respective decoders 115a, 
115b, which, broadly speaking, reverse the coding of the 
equivalent encoders 103a, 103b in so far as the superimposed 
interference allows. 

A unit 116 for revoking the grouping then converts the group 
of information symbols into a sequence of information symbols 
again which are received by a receiver or a sink 118. 

In the following Fig. 2 will be considered. This shows a 
section of a transmission channel or a transmission channel, 
which for the sake of example just extends from 4.5 MHz to 5.5 
MHz. A curve 200 shows the frequency dependent carrier noise 
power as a function of frequency which results after 
equalization of the frequency dependent attenuation of the 
transmission channel by the unit 112. For the example 
considered here, where the transmitted power is constant over 
all carriers, where the transmission channel has an 
attenuation which increases with frequency and where the 
thermal noise is independent of frequency, curve 200 results 
after the transmission channel has been normalized in the 
receiver in such a way that the total power is constant with 
respect to frequency. Expressed simply, the transmitted signal 
in the transmission channel is attenuated more and more as the 
frequency increases. Channel equalization leads to an 
amplification of the signal power, and thus also of the noise 
power, which means that, although the noise of the receiver is 
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constant with respect to frequency, the carrier noise power 
increases with the frequency, this corresponding to a signal- 
to-noise ratio which decreases as the frequency increases. The 
concept according to the present invention is not, however, 
confined to a channel with a monotonically decreasing signal- 
to-noise ratio, but applies to any sort of channel where the 
transmission quality is distributed over the partial channels. 

Th basic idea of the present invention will now be described 
in more detail by means of Fig. 2. In this figure the noise 
power distribution within a certain frequency range is shown 
for the case where the channel 108 in Fig. 1 is equalized by 
the channel equalizer 112 in such a way that the overall 
transfer function has a constant value. Such an equalization 
of the frequency response necessarily entails an increase in 
the spectral noise power in the upper frequency range. This 
increase in the spectral noise power density is shown in Fig. 
2. Also shown is the permissible spectral noise power density 
for a particular transmission method. Since this power density 
depends only on the chosen coding method or modulation method 
and the permissible transmission error probability, the result 
in the diagram is a constant value independent of the 
frequency. It should be noted that the permissible 
transmission error probability corresponds to a predetermined 
reliability when decoding the information symbols. 

Below a certain frequency F G the actual noise power density is 
less than the permitted value. This results in a higher than 
necessary reliability of the coded information symbols which 
are transmitted in this frequency range by means of 2 X QAM or 
some other coding method. 

In methods according to the prior art it is not, however, 
possible to make the transition to a higher-stage 2 X+1 QAM 
coding method, i.e. to a coding method which assigns more 
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information to a coded information symbol and thus has a finer 
quantization of the signal space, since this entails a 
reduction in the noise power density by a factor of 2 in the 
case of QAM coding. This only occurs below the frequency F 0 . 
In methods according to the prior art a 2 x -stage coding method 
can no longer be employed above the frequency F G since the 
coded information symbols cannot be transmitted with the 
required reliability due to the higher than permissible 
spectral noise power density. In this frequency range a 2 X-1 
QAM coding method must be used in the prior art. 

According to the present invention a unif ormization of the 
spectral noise power density as a function of frequency is now 
achieved by additional orthogonal transformations using one of 
the orthonorraal (orthogonal and normalized) matrices P and Q, 
see Fig. 1 units 104a and 104b and 114a and 114b. This is 
achieved by permitting the noise power density to increase up 
to the maximum permissible value for a 2 X QAM coding method for 
partial channels above F 0 and below F G , while above F G on the 
other hand the noise power density up to a frequency F G i can be 
lowered to the maximum permissible value. By transforming an 
information vector using the matrix Q, each item of 
information is here impressed on all the coded combined 
information symbols, i.e. on all the partial channels within 
the set of partial channels under consideration, by the units 
104a and 104b. The set of partial channels considered in Fig. 
2 thus stretches from a carrier with the frequency F 0 up to a 
carrier with the frequency F Gi for the method according to the 
present invention, in contrast to methods according to the 
prior art, which only use the range up to the frequency F G . It 
should be noted that in the prior art the partial channels 
'between F G and F G i had to be coded with a low-stage coding 
method whereas according to the concept according to the 
present invention these carriers can be coded with the same 
coding method as the carriers in the range from F 0 to F G , 
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which results in a gain in the available transmission rate. 
The net gain in the available transmission rate effected by 
the present invention corresponds to the difference between 
the amount of information which is assigned by the two coding 
methods multiplied by the number of carriers, i.e. partial 
channels, in the range from F G to F G i- 

In the receiver a corresponding reverse transformation is now 
needed. This reverse transformation is accompanied by a 
weighted addition of the interference amplitudes of the 
individual modulation symbols. If the reverse transformation 
matrix, e.g. the matrix Q in Fig. 1, possesses the property 
that all the elements of each line have the value 1, i.e. if 
the matrix Q is orthonormal or unitary, the weighted addition 
of the noise interference contributions results in an 
averaging. Consequently it is possible to use a particular 2 X 
coding method for the transmission beyond the frequency F G for 
carriers up to the frequency F G1 . The difference between the 
rate efficiency of the 2 X modulation method and the rate 
efficiency of the 2 X_1 QAM modulation method otherwise used in 
the frequency range F G . . F Gi multiplied by the bandwidth F Gi - 
F G thus gives the rate gain which can be achieved by the 
present invention, as has already been stated. 

The unif ormization of the superimposed noise power by means of 
an orthonormal transformation will now be explained in more 
detail. It should be noted that the following derivation 
applies to every set of partial channels or carriers 
individually and that there is no unif ormization beyond set 
boundaries . 

The transmitted signal existing as a vector t with complex 
components is transformed into the vector u by means of an 
orthonormal matrix P. 
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u = Pt 



(1) 



Through this transformation according to equation (1) and the 
orthonormality properties of matrices (cf. Equation 3), each 
component of the vector t is mapped uniformly onto all the 
components of the vector u, i.e. each individual bit of 
information of a component t(i) is impressed onto all the 
components of the vector u and is thus transmitted in all the 
partial channels or on all the carrier frequencies of a set. 

A characteristic of orthonormal or unitary matrices, such as 
the matrix P, is the mathematical property that when the 
vector t is transformed the power it contains is preserved 
regardless of how it is distributed among the individual 
components . 

The following equation thus holds for every component of u, 
p(u[j]) being the power of the j-th component of the vector u 



This can e.g. be achieved for matrices with real coefficients 
by requiring that 



Matrices which fulfil this requirement are e.g. Hadamard 
matrices and PN matrices. 

The Hadamard matrix H 2 of rank 2 is defined as follows: 



pwm = u\j]u\jr = ~J2 mm* 



(2) 



|ftil=l Vi,j 



(3) 




(4) 



Hadamard matrices of rank 2 n+1 can 
the following recursion formula: 



be 



formed from this using 
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' y/2 [ Hi- 



H 2 „ 



(5) 



PN matrices (PN = Pseudo Noise) are formed from a 2 n ~ symbol 
long section of a (binary) PN sequence. The first row (or also 
the first column) of the matrix corresponds here to the 2 n_1 
long section of the sequence, the other rows resulting from 
cyclic displacement of the respective preceding row (or 
column) . This cyclic displacement furthermore results in a 
cyclic matrix, which brings advantages in terms of the 
practical implementation. For a sequence of length N = 7 the 
sequence is e.g. a pseudo-random sequence. 



-1,1,-1,1) 



(6) 



This results in the following PN matrix of rank 7: 



(7) 



Depending on which orthonormal matrix P, see Fig. 1, was used 
in the transmitter for the transformation, the corresponding 
inverse matrix Q = P" 1 must be used in the receiver. These 
inverse matrices are also, in general, orthonormal matrices. 



For Hadamard matrices e.g. the corresponding inverse is the 
Hadamard matrix itself. 



For cyclic PN matrices the inverses are again cyclic PN 
matrices . 
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(9) 



For the present invention it is advantageous if the matrix Q = 
P" 1 in the receiver exhibits the best possible orthonormal 
properties, i.e. that, independently of the power distribution 
of the components in y, the following relation holds true, 
p(z[j]) standing for the power of the component j: 



N-l 



(10) 



This can, as for the matrix P in the transmitter, be achieved 
by requiring that 



(11) 



In general the inverse of an orthonormal matrix is again an 
orthonormal matrix. In this case one of the two matrices can 
be chosen freely, the other matrix resulting accordingly. If 
only approximately orthonormal matrices are used, however, a 
specific assignment of the matrices to P and Q can bring 
advantages. 

The fulfilment or approximate fulfilment of the requirement of 
orthonormality of the matrix Q permits the unif ormization of 
the spectral noise power density or interference power density 
within a set of partial channels described hereafter. The 
following remarks apply therefore to each set of partial 
channels which is subject to a combination by means of a 
combination specification. 
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Assuming that, under practical boundary conditions, the 
interference noises of the individual channels .are 
uncorrelated, the resulting interference noise in the k-th 
component of the output vector z is given by 



|9«| = 1 Vi,i d3) 



(14) 



The interference power of the j-th component of the vector z 
is given by 



(15) 



Since the index i in equation (15) can be chosen at will, it 
follows immediately from equation (15) that the interference 
powers of all the components of z are the same, i.e. 



(16) 



This uniformization of the noise power in the partial channels 
under consideration is- a mathematical property of orthonormal 
matrices . 

The uniformization described for the example of an isolated 
partial channel in Fig. 2 makes an overall shift to higher 
frequencies possible in the allocation of the individual 
partial channels. 
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Fig. 3 shows the frequency dependent S/N ratio, which 
determines the upper frequency limit of the partial channels 
in traditional OFDM methods and the utilizable carrier 
occupancy in the concept according to the present invention or 
the way in which the maximum possible bit loading factor 
varies with frequency in the preferred embodiment of the 
present invention. From Fig. 3 it can be seen how the upper 
frequency limits of the individual sets of partial channels 
have extended themselves beyond the monotonically decreasing 
curve for the S/N ratio. This curve determines the upper 
frequency limit of the partial channels in traditional methods 
(Fig. 8) . 

Fig. 3 shows a partitioning of a transmission channel in 12 
sets of partial channels, of which only the first three have 
been labelled 304a to 304c. In particular the set of partial 
channels labelled 304b in Fig. 3 comprises partial channels 
with carrier frequencies from about 4.3 to 4.75 MHz. It is 
assumed that, for the set of partial channels comprising the 
partial channels with the highest carrier frequencies, 
labelled 304a in Fig. 3, a 2 2 QAM method is used. It is 
furthermore assumed that a 2 3 QAM method is used for the set 
304b of partial channels. As a result of the S/N ratio vs. 
frequency for the channel 300, there is a threshold S/N ratio 
306 of about 17 dB for the coding method used for the set 304b 
of partial channels. The carriers in the set 304b of partial 
channels must therefore have a S/N ratio at least equal to the 
threshold S/N ratio in order that a predetermined reliability 
can be achieved when decoding the information symbols. 
Analogously, the threshold S/N ratio for the set 304a of 
partial channels is about 14 dB. There is thus a particular 
threshold S/N ratio for each set of partial channels, i.e. for 
each coding method which is used. As can be seen from Fig. 8, 
the carrier occupancy according to the prior art was subject 



34 



to the requirement that the carrier with the highest frequency 
in a set of carriers had a S/N ratio greater than or equal to 
the threshold S/N ratio. 

In contrast, the sets of partial channels according to the 
present invention include at least one partial channel whose 
S/N ratio without combination is smaller than the threshold 
S/N ratio and which, as a result of combination, is greater 
than or at least equal to this threshold S/N ratio. The 
advantage of this is that this partial channel can be coded 
with the next higher coding method compared to the prior art. 

This at least one partial channel forms a range I which 
extends above the curve 300. If this partial channel is 
compared with the situation without combination shown in Fig . 
8, it can be seen- that a partial channel in the range I of the 
set 304b has a higher S/N ratio as a result of combination in 
the partial channel, as a consequence of which this partial 
channel in the example shown in Fig. 3 can be coded not with 
the lowest stage coding method but with a coding method one 
stage higher, which means that the data rate of the system has 
increased compared to the prior art, as has already been 
described. 

Fig. 4 shows a comparison of the carrier occupancy for the 
traditional DMT method and for the COFDM method according to 
the present invention. Fig. 4 shows the resulting distribution 
of the bit loading factors vs. frequency for the traditional 
and the novel method. The rate gain can be read directly from 
the figure, being the area enclosed by both curves along the 
staircase. The enclosed area corresponds to the channel 
capacity which cannot be exploited directly with traditional 
methods . 
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The gain in the transmission rate which can be achieved in 
this way can be used both to increase the transmissible useful 
information rate and to improve the reliability of the 
transmission when using error security methods such as FEC or 
ARQ (ARQ = Automatic Repeat Request in the event of a 
transmission error). A combination of the two goals, i.e. an 
increased information rate allied to a redundancy coding, may 
also make sense in certain applications. In FEC methods an 
error correction is achieved by means of additional redundancy 
which is transmitted together with the information. For 
realistic S/N boundary conditions just part of the additional 
transmission rate gained is sufficient to compensate with an 
FEC for the loss in reliability of the modulation symbols in 
the frequency range F 0 to F G due to frequency range 
uniformization. It should be stressed that the S/N ratio of 
these carriers is in any case only lowered to the permissible 
limit but not below this. The part of the rate gain which is 
not needed for the FEC is available as net rate gain. 

This may be explained by referring to Fig. 2. In Fig. 2 the 
S/N ratio at the receiver input is shown as a function of the 
frequency. If the available frequency range is subdivided into 
N sets of partial channels in the range F 0 -..F G i, each of these 
N sets of partial channels has its own S/N ratio. The noise 
power density within these sets of partial channels can be 
assumed to be constant. Within a set of partial channels one 
or more carriers with their impressed coded combined 
information symbols can be transmitted, it being assumed that 
the transmission is a binary one (bit loading factor 1) and 
that the modulation symbols are to be transmitted with a 
certain reliability p < p max . Only the frequency range f 
greater than or equal to F 0 will be considered. 

In traditional methods each individual symbol, i.e. each 
individual carrier in the case of DMT, is considered in 



isolation in the discriminator of the receiver. This requires 
that each partial channel or carrier must have a certain S/N 
ratio if the bit error probability of the transmission p is to 
satisfy the condition p < p ma x- The higher reliability of the 
symbols transmitted below F G is not exploited in the 
traditional method outlined in Fig. 8. 

Due to the unif ormization according to the present invention, 
however, the frequency range up to the frequency F G i can be 
used. When the frequency range up to F G1 is used, more than K 
symbols can then be transmitted with the required minimum 
reliability p < p m in- 

If a certain application using traditional DMT methods is to 
make use of the higher reliability of the symbols transmitted 
below F G , this higher reliability can be achieved in the method 
according to the present invention by employing an FEC method 
in that all or part of the information transmitted in the 
frequency range between F G and F G1 is used as (additional) 
redundancy . 

It is apparent from Fig. 8, Fig. 3 and in particular Fig. 4 
that the method of increasing the usable frequency range or 
the usable information rate by unif ormization described 
hitherto does not yet lead to a reduction in the bit loading 
factor. 

According to a further embodiment of the present invention 
such a reduction is preferred, since the high bit loading 
factors in the lower partial channels are chiefly instrumental 
in determining the implementation outlay for the requisite D/A 
and A/D conversions and the arithmetic. A reduction in the bit 
loading factors is possible if the unif ormization extends over 
a wider frequency range or, in the limiting case, over the 
whole channel, the limiting case being marked by the fact that 
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there are only two sets of partial channels, two combiners and 
two encoders. 

Fig. 6 depicts the relationship between the achievable data 
rates (ordinate) and the specifiable maximum bit loading 
factors (abscissa) for the two strategies "uniformization over 
several partial bands" and "uniformization over the whole 
channel". In Fig. 6 there are two curves which increase 
monotonically from bottom left to top right and also a 
parabolic curve. The lower monotonically increasing curve 
shows the transmission rates achievable with the traditional 
method of Fig. 8 and the upper monotonically increasing curve 
those achievable with the novel method of Fig. 3, when the bit 
loading factors are restricted to a specified maximum value. 
The parabolic curve shows the transmission rates resulting 
from uniformization of the whole transmission channel; see 
also Fig. 5, which shows an alternative carrier occupancy for 
the COFDM method. 

The point labelled 606 in Fig. 6 relates to the case in which 
the first set of partial channels has a bit loading factor of 
6, giving a data rate of about 20 Mbits/s. The bandwidth of 
the carriers used in the first set of partial channels ranges 
from 1 MHz to about 4.3 MHz, as is indicated at the bottom of 
Fig. 5. This corresponds to the curve 500 in Fig. 5. It should 
be noted that there still remains in the transmission channel 
a frequency band from 4.3 to 5.3 MHz which can no longer be 
occupied with a bit loading factor of 6, despite combination. 
According to the present invention a second set of partial 
channels is therefore introduced, which is positioned above 
the carrier frequency 4.3 MHz and which extends to about 5.3 
MHz if the second- coding method has a bit loading factor of 3. 
However, in the interests of clarity, the second set is not 
included in the figure. The point labelled 608 in Fig. 6 takes 
account of the contribution of the second set of partial 
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channels to the data rate. A comparison of the points 608 and 
60 6 shows that, compared with the case where the whole 
transmission channel is uniformized, a significant data rate 
gain can be achieved through the method according to the 
present invention of using at least two sets of partial 
channels, which are encoded and combined differently. It 
should be noted that the combination of the whole transmission 
channel and the use of just one coding method leads to an 
undesirable restriction in the exploitable bandwidth, as can 
be seen from Fig. 5. 

If a certain transmission rate forms the design criterion for 
a transmission system, it can be seen from Fig. 6 that the new 
system makes possible a significant reduction in the necessary 
maximum bit loading factor at high transmission rates. In the 
case where the gross transmission rates are the same in the 
two systems (the same net transmission rates and the same 
redundancy for the FEC) , the situation can be seen clearly by 
drawing a horizontal line having the specified data rate as 
the value of the ordinate. The abscissa values of the meeting 
points of the two curves and the straight line represent the 
necessary bit loading factors. As can be seen at once, the new 
system intrinsically requires lower bit loading factors. The 
difference in the bit loading factors becomes increasingly 
significant as the data rate increases. 

In the case where the same bit loading factors are specified 
for both systems, the gross transmission rates are always 
higher for the embodiment according to the present invention 
which aims for the lowest possible bit loading factors. This 
can be seen by imagining a vertical line in Fig. 6 which meets 
the abscissa at a particular value of the bit loading factor 
(e.g. 5). This line intersects the rate curves for the 
traditional concept (curve 600) and the concept according to 
the present invention (curve 602) . With the exception of the 
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: upper right section in the diagram, the rates for the novel 
system always lie well above the rates for traditional 
methods- Even after deducting an additional FEC redundancy of 
the order of 1 % to 3 % for the system according to the 
present invention with FEC redundancy, there is still a 
significant net rate gain. 

A further possibility which presents itself is to shift the 
whole frequency range or just F G i downwards or to contract the 
bandwidth of the individual sets of partial channels until the 
same net transmission rates are achieved. As a result of the 
lower cable attenuation in the lower frequency range a greater 
distance could then be spanned. 

Finally, it should be noted that it is only in the area of 
very high data rates, at the upper right in Fig. 6, that the 
- differences in the attainable gross transmission rates are 
relatively insignificant for the same bit loading factors. 
This small difference is a consequence of the fact that even 
the new method only exploits the available channel capacity to 
a certain extent, though it does this better than the 
traditional method (Fig. 8) . 

The parabola-shaped curve in Fig. 6 describes the case of 
uniform! zation of the whole transmission channel. The maximum 
and the breaking off of the curve at higher bit loading 
factors result from the markedly LP characteristic of the 
(cable) transmission channel. This will now be explained. The 
idea of the rate gain through unif ormization rests on the fact 
that the S/N ratio is not the same in the whole frequency 
range (S/N = S(f)/N(f)) and in the lower frequency range it is 
mostly much higher than it need be for a particular bit 
loading factor. As a result it is possible to extend the 
usable frequency range, i.e. the frequency range in which 
S(f)/N(f) > S/Nrain = f(pmax)- The result is a constant S/N = 
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optimal bit loading factor for a first set of partial channels 
and a certain number of particular partial channels assigned 
to this first set of partial channels for which the 
transmission rate of this set of partial channels is a 
maximum. In the example it can be seen from Fig. 6 that there 
is an optimal bit loading factor of 6 and a resultant 
transmission rate of ca. 20 Mbits/s, given by the apex of the 
curve 604. From Fig. 5 it can be seen that this results in an 
occupied bandwidth extending from ca. 1 MHz to ca. 4.3 MHz. 
The remaining partial channels or unoccupied frequency ranges 
or partial channels can now be assigned to other sets of 
partial channels. If they are assigned to a second set of 
partial channels in the frequency range between ca. 4.3 MHz 
and ca. 5.3 MHz and if a coding method with a bit loading 
factor of 3 is used for this second set of partial channels, 
the resulting data rate for this second set of partial 
channels is about 3 Mbits/s. This is represented by the line 
connecting the points 606 and 608 in Fig. 6. 

In this way, depending on the frequency dependent cable 
attenuation and indirectly on the length of the cable, an 
optimal first bit loading factor for the first set of partial 
channels and an optimal second bit loading factor for the 
second set of partial channels can be found. 

From the form of the parabolic curve 604 in Fig. 6 it can be 
seen that by sacrificing (theoretical) transmission rate of 
the order of about 40 % it is possible to implement very 
simple systems with low bit loading factors and high bandwidth 
efficiency (see Fig. 8 and 5) . According to the present 
invention the high bandwidth efficiency of these systems makes 
it possible, by using the unexploited upper frequency range, 
to increase the data transmission rate to values for which bit 
loading factors higher by a factor of 2 would be required in 
conventional systems. For example, with a maximum bit loading 



42 



factor of 6 for a system with complete unif ormization (Fig,. 6) 
and using the upper frequency range (4.4 MHz ... 5.4 MHz, see 
Fig. 4) for a method with bit loading factor 3,. the result is 
a total data rate of 20 Mbits/s + 3 Mbits/s = 23 Mbits/s 
(point 608 in Fig. 6) . This is a rate which requires a bit 
loading factor of 9 in traditional systems, as shown in Fig. 
5. 

The devices and methods according to the present invention 
make possible the efficient utilization of the channel 
capacity of e.g. noisy transmission channels for which the S/N 
ratio either decreases monotonically with the frequency, e.g. 
in xDSL channels, or which deteriorates within certain 
frequency ranges, e.g. in a radio channel or in various 
special cable channels with particular cabling structures or 
particular circuit features, especially in the power line 
channel, thus resulting in considerable implementation and 
cost benefits. 



Claims 



A device for transmitting information over a plurality of 
partial channels which have different transmission 
characteristics and which together form a transmission 
channel, comprising: 

a unit for grouping (102) the information as assigned to 
the partial channels; 

a unit for coding (103a) information assigned to a first - 
set of partial channels by means of a first coding method 
to obtain a first set of coded information symbols, where a 
first coded information symbol of the first set of coded 
information symbols has a first amount of information 
assigned to it; 

a unit for coding (103b) information assigned to a second 
set of partial- channels by means of a second coding method 
to obtain a second set of coded information symbols, where 
a second coded information symbol of the second set of 
coded information symbols has a second amount of 
information assigned to it which differs from the first 
amount of information; 

a unit for combining (104a) the coded information symbols 
of the first set according to a first combination 
specification so as to generate a first set of combined 
coded information symbols equal in number to the number of 
partial channels of the first set of partial channels; 

a unit for combining (104b) the coded information symbols 
of the second set according to a second combination 
specification so as to generate a second set of combined 
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coded information symbols equal in number to_the number of 
partial channels of the second set of partial channels; and 

a unit for assigning (106) the combined coded information 
symbols of the first set to the first set of partial 
channels and for assigning the combined coded information 
symbols of the second set to the second set of partial 
channels in such a way that each partial channel has a 
combined coded information symbol assigned to it, that each 
partial channel of the first set of partial channels has 
the whole information of the information symbols of the 
first set assigned to it, and that each partial channel of 
the second set of partial channels has the whole 
information of the information symbols of the second set 
assigned to it, 

where both the first and the second set of partial 
channels have at least one partial channel whose signal-to- 
noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally necessary 
for the coding method used by the set to which this partial 
channel belongs in order to achieve a predetermined 
reliability when decoding the information symbols, and 
whose signal-to-noise ratio as a result of combining is 
greater than or equal to the threshold signal-to-noise 
ratio . 

A device according to claim 1, wherein each partial 
channel of the transmission channel has a carrier with its 
own frequency assigned to it and wherein the unit for 
assigning has a unit (106) for impressing the combined 
coded information symbols on the corresponding carriers so 
as to generate a modulated signal representing the 
sequence of information symbols. 
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3. A device according to claim 1 or 2, wherein the first 
coding method (103a) is a method with a 2 x -stage 
quantization of the signal space and wherein the second 
coding method (103b) is a method with a 2 X ~ Y quantization 
of the signal space, where x = 3, x > y. 

4. A method according to claim 3, wherein the number of 
partial channels in a set of partial channels is so chosen 
that the excess in the signal-to-noise ratio of carriers 
in the set is essentially completely used to compensate 
for the deficit in the signal-to-noise ratio of the at 
least one partial channel in the set in such a way that 
all the partial channels in the set have a signal-to-noise 
ratio which is greater than the threshold signal-to-noise 
ratio and which is as close as possible to the threshold 
signal-to-noise ratio. 

5. A method according to claim 3 or 4, wherein the 
transmission channel (108) has a plurality of carriers 
with carrier frequencies from a lower threshold frequency 
to a higher threshold frequency, where the first set of 
partial channels has carrier frequencies from the lower 
threshold frequency up to and including a middle frequency 
and where the second set of partial channels has carrier 
frequencies above the middle frequency up to the upper 
threshold frequency and where the middle frequency is so 
specified that for the parameter x = 3 the signal-to-noise 
ratio of the carrier with the middle frequency is closest 
to the threshold signal-to-noise ratio (300) for the first 
set of partial channels as a result of combining by means 
of the first combination specification (104a) and where 
the upper threshold frequency is so specified that the 
signal-to-noise ratio of the carrier with carrier 
frequency equal to the upper threshold frequency is 
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closest to the threshold signal-to-noise ratio for the 
second set of partial channels. 

6. A method according to claim 3, wherein the transmission 
channel has a plurality of carriers with carrier 
frequencies from a lower threshold frequency to an upper 
threshold frequency, where there is a number of units for 
encoding and an equally large number of units for 
combining the coded information symbols for the respective 
sets of partial channels, the number being so chosen that, 
for the set with the upper threshold frequency, a coding 
method with the coarsest possible quantization is employed 
in the respective coding unit and where a coding method 
which is successively a stage finer for smaller carrier 
frequencies is employed in a respective coding unit, so 
that, for the carrier at the lower threshold frequency, a 
coding unit is employed whose quantization is as fine as 
possible, with the result that the data rate for the full 
bandwidth of the channel from the lower threshold 
frequency to the upper threshold frequency is a maximum. 

7. A device according to one of the preceding claims, which 
also has a unit for performing a forward error correction 
for partial channels, where the unit for performing a 
forward error' correction is so designed that part of the 
gain in data rate is used to introduce redundancy into the 
sequence of information symbols, whereas the rest of the 
gain in data rate is used to increase the information 
rate . 

8. A device according to one of the previous claims, wherein 
the transmission characteristics of the partial channels, 
which affect the threshold signal-to-noise ratio, are 
known, where the amounts of information of the first and 
the second coding unit (103a, 103b) are specified from the 



47 



start in order to be able to transmit a certain 
information rate. 

9. A device according to one of the claims 1 to 7, wherein 
the transmission characteristics of the partial channels, 
which affect the threshold signal-to-noise ratio, can be 
estimated roughly, so that the amounts of information and 
an assignment of partial channels to the first and second 
set of partial channels are so chosen that, as a result of 
combining, the signal-to-noise ratios of the partial 
channels exceed the estimated threshold signal-to-noise 
ratios for the partial channels by a security margin. 

10. A device according to one of the preceding claims, wherein 
a partial channel which is known to have a poor 
transmission characteristic is not assigned to any set of 
partial channels. 

11. A device according to one of the preceding claims, wherein 
the partial channels are assigned to the sets of partial 
channels according to their transmission characteristics, 
which are known beforehand, so that a set of partial 
channels has partial channels with similar transmission 
characteristics. 

12. A device according to one of the claims 1 to 10, which 
also has a unit for dynamically registering the 
transmission channel and which also has a unit for 
dynamically determining the amount of information which is 
assigned by the first and second coding unit (103a, 103b) 
and for dynamically assigning carriers to the first and 
second set of partial channels, so that, as a result of 
combining, the signal-to-noise ratios of the partial 
channels are always greater than or equal to the threshold 
signal-to-noise ratios. 
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13. A device according to claim 2, wherein the unit (106) for 
impressing the combined information symbols, on the 
corresponding carriers has a unit for performing an 
inverse discrete Fourier transform (IDFT), which is 
preferably implemented in the form of a fast discrete 
inverse Fourier transform (fast DIFT) . 

14. A device according to one of the preceding claims, wherein 
the first and the second combination specification of the 
units for combining (104a, 104b) are combination 
specifications for combining the information symbols in an 
essentially orthogonal and essentially normalized, i.e. in 
an essentially orthonormal or unitary, way. 

15. A device according to claim 14, wherein the first and the 
second combination specification are a Hadamard matrix or 
a pseudo random noise matrix (P) or some other 
sufficiently orthonormal or unitary matrix (P) whose 
matrix elements are equal to or close to 1. 

16. A device for receiving a transmitted signal with 
information, where a first set of coded information 
symbols of the transmitted signal is generated by a first 
coding method, where the first coding method has assigned 
a first amount of information to a coded information 
symbol of the first set of coded information symbols, and 
where a second set of coded information symbols is 
generated by a second coding method, where the second 
coding method has assigned a second amount of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set 
are combined according to a first combination 
specification and coded information symbols of the second 
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set are combined according to a second combination 
specification, where combined coded information symbols of 
the first set are assigned to a first set of partial 
channels and where combined coded information symbols of 
the second set are assigned to a second set of partial 
channels, where both the first and the second set of 
partial channels have at least one partial channel whose 
signal-to-noise ratio without the step of combining would 
be lower than a threshold signal-to-noise ratio which is 
minimally necessary for the coding method used by the set 
to which this partial channel belongs in order to achieve 
a predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio with the step of 
combining is greater than or equal to the threshold 
signal-to-noise ratio, comprising: 

a unit for extracting (110) the combined coded information 
symbols of the partial channels from the received signal 
using the partial channels; 

a first unit for processing (114a) the combined coded 
information symbols of the first set using a first 
processing specification, which is the inverse of the 
first combination specification, so as to obtain the coded 
information symbols of the first set; 

a second unit for processing (114b) the combined coded 
information symbols of the second set using a second 
processing specification, which is the inverse of the 
second combination specification, so as to obtain the 
coded information symbols of the second set; 

a first unit for decoding (115a) the coded information 
symbols of the first set so as to recapture the 
information assigned to the coded information symbols of 
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the first set, the first unit for decoding being designed 
to also decode the at least one partial channel of the 
first set of partial channels; and 

a second unit for decoding (115b) the coded information 
symbols of the second set so as to recapture the 
information assigned to the coded information symbols of 
the second set, the second unit for decoding being 
designed to also decode the at least one partial channel 
of the second set of partial channels. 

17. A device according to claim 16, wherein the unit (110) for 
extracting the combined coded information symbols has a 
unit for performing a discrete Fourier transform (DFT) , 
which is preferably implemented in the form of a fast 
Fourier transform (FFT) . 

18. A device according to claim 14 or 15, wherein the first 
and the second combination specification are combination 
specifications for combining the information symbols in an 
essentially orthogonal and essentially normalized, i.e. in 
an essentially orthonormalized or unitary, way, and 
wherein the first and the second processing specification 
are the inverses of these combination specifications. 

19. A device according to claim 18, wherein the first and the 
second processing specification are inverse Hadamard 
matrices or inverse pseudo random noise matrices or some 
other sufficiently orthonormal or unitary matrices which 
are sufficiently inverse to the combination specification 
and whose matrix elements are equal to or close to 1. 

20. A device according to claims 14 to 17, which also has a 
unit (112) for equalizing the received signal which is so 
designed that it normalizes the amplitudes of the signals 
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of the partial channels, the unit for equalizing following 
the unit (110) for extracting the combined coded 
information symbols. 

A method for transmitting information over a plurality of 
partial channels which have different transmission 
characteristics and together form a transmission channel, 
with the following steps: 

grouping (102) the information as assigned to the partial 
channels ; 

coding (103a) information assigned to a first set of 
partial channels by means of a first coding method to 
obtain a first set of coded information symbols, where a 
first coded information symbol of the first set of coded 
information symbols has a first amount of information 
assigned to it; 

coding (103b) information assigned to a second set of 
partial channels by means of a second coding method to 
obtain a second set of coded information symbols, where a 
second coded information symbol of the second set of coded 
information symbols has a second amount of information 
assigned to it which differs from the first amount of 
information; 

combining (104a) the coded information symbols of the 
first set according to a first combination specification 
so as to generate a first set of combined coded 
information symbols equal in number to the number of 
partial channels of the first set of partial channels; 

combining (104b) the coded information symbols of the 
second set according to a second combination specification 
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so as to generate a second set of combined coded 
information symbols equal in number to the number" of 
partial channels of the second set of parti.al channels; 
and 

assigning (106) the combined coded information symbols of 
the first set to the first set of partial channels and 
assigning the combined coded information symbols of the 
second set to the second set of partial channels in such a 
way that each partial channel has a combined coded 
information symbol assigned to it, that each partial 
channel of the first set of partial channels has the whole 
information of the information symbols of the first set 
assigned to it, and that each partial channel of the 
second set of partial channels has the whole information 
of the information symbols of the second set assigned to 
it, 

where both the first and the second set of partial 
channels have at least one partial channel whose signal- 
to-noise ratio without combining would be lower than a 
threshold signal-to-noise ratio that is minimally 
necessary for the coding method used by the set to which 
this partial channel belongs in order to achieve a 
predetermined reliability when decoding the information 
symbols, and whose signal-to-noise ratio as a result of 
combining is greater than or equal to the threshold 
signal-to-noise ratio. 

A method for receiving a transmitted signal with 
information, where a first set of coded information 
symbols of the transmitted signal is generated by a first 
coding method, where the first coding method has assigned 
a first amount of information to a coded information 
symbol of the first set of coded information symbols, and 
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where a second set of coded information symbols is 
generated by a second coding method, where the second 
coding method has assigned a second amount .of information, 
different from the first amount of information, to a coded 
information symbol of the second set of coded information 
symbols, where coded information symbols of the first set 
are combined according to a first combination 
specification and coded information symbols of the second 
set are combined according to a second combination 
specification, where combined coded information symbols of 
the first set are assigned to a first set of partial 
channels and where combined coded information symbols of 
the second set are assigned to a second set of partial 
channels, where both the first and the second set of 
partial channels have at least one partial channel whose 
signal-to-noise ratio without the step of combining would 
be lower than a threshold signal-to-noise ratio which is 
minimally necessary for the coding method used by the set 
to which this partial channel belongs in order to achieve 
a predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio with the step of 
combining is greater than or equal to the threshold 
signal-to-noise ratio, with the following steps: 

extracting (110) the combined coded information symbols of 
the partial channels from the transmitted signal using the 
partial channels; 

processing (114a) the combined coded information symbols 
of the first set using a first processing specification, 
which is the inverse of the first combination 
specification, so as to obtain the coded information 
symbols of the first set; 

processing (114b) the combined coded information symbols 
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of the second set using a second processing specification, 
which is the inverse of the second combination 
specification, so as to obtain the coded in-f ormation 
symbols of the second set; 

decoding (115a) the coded information symbols of the first 
set so as to recapture the information assigned to the 
coded information symbols of the first set, the first unit 
for decoding being designed to also decode the at least 
one partial channel of the first set of partial channels; 
and 

decoding (115b) the coded information symbols of the 
second set so as to recapture the information assigned to 
the coded information symbols of the second set, the 
second unit for decoding being designed to also decode the 
at least one partial channel of the second set of partial 
channels . 

23. A method according to claim 22, which also has the 
following step preceding the processing steps: 

normalizing (112) the partial channels in such a way that, 
following normalization, the value of the power is 
substantially the same for each partial channel. 
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A device and a method for transmitting and 
a device and a method for receiving 

Abstract 

In a device for transmitting a sequence of information symbols 
over a plurality of partial channels having different 
transmission characteristics and together forming a 
transmission channel, the sequence of information symbols is 
grouped (102), whereupon a first set and a second set of the 
information symbols are coded (103a, 103b) using different 
coding methods. The coded information symbols are then 
combined in sets (104a, 104b) and are transmitted over a 
channel having twp sets of partial channels. Both the first 
and the second set of partial channels have at least one 
partial channel whose signal-to-noise ratio without combining 
would be lower than a threshold signal-to-noise ratio which is 
minimally required by the coding method used for the set to 
which this partial channel belongs in order to achieve a 
predetermined reliability when decoding the information 
symbols and whose signal-to-noise ratio is greater than or 
equal to the threshold signal-to-noise ratio as a result of 
the combination step. The concept of transmitting and 
receiving according to the present invention permits an 
increased transmission rate since there is at least one 
partial channel in each set as a result of the setwise 
combination. 
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und habe auch alle Auslandsanmeldungen fur ein Patent Oder 
eine Erfindersurkunde nachstehend gekennzeichnet. die ein 
Anmeldedatum haben. das vor dem Anmeidedatum der An- 
meldung liegt, fur die Prioritat beansprucht wird. 



I believe I am the original, first and sole inventor {if only one 
name is listed below) or an original, first and joint inventor (if 
plural names are listed below) of the subject matter which is 
claimed and for which a patent issought on the invention entitled 



Channel allocation m ethod and 

apparatus for coded and combined 
sets of information 

the specification of which 
(check one) 
Li is attached hereto, 
g] was filed on 



A/17/01 



Application Serial No. . 
and was amended on 



09/807,741 



I hereby state that I have reviewed and understand the con- 
tents of the above identified specification, including the cfaims, 
as amended by any amendment referred to above. 



1 acknowledge the duty to c5sdose information which is ma- 
terial to the examination of this application in accordance with 
Title 37, Code of Federal Regulations, §1. 56(a). 



I hereby daim foreign priority benefits under Title 35, United 
States Code. §1 1 9 of any foreign application^} for patent or 
inventor's certificate listed below and have also identified 
below any foreign application for patent or inventor's certifi- 
cate having a filing date before that of the application on 
which priority is claimed: 
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Prior foreign applications 
Prioritat beansprucht 



prT/F.PQQ/nsni Germany 


27/10/99 (October 


27, 


1999) 


(Numcer) 
(Nummer) 


(Country) 
(Land) 


(Oay/MonttVYear riled) 
(Tag/Monai/Janr esngereicnt) 






19849553.6 


Germany 


27/10/98 (October 


27 , 


1998) 


(Number) 
(Nummer) 


(Country) 
(Land) 


(Day/Momrt/Year Filed) 
(Tag/Monat/Jahr eingereicht) 







Pnontv Claimed 

Us Q 
Ja Nein 



Ja Nein 



s 

Nein 



(Tag/Monat/Jahr eingereicht) 



Ich beanspruche hiermit gemass Absatz 35 der Zlvitprozess- 
ordnung der Vereinigten Staaten, Paragraph 120. den Vorzug 
aller unten aufgefuhrten Anmeldungen und fails der Gegen- 
stand aus jedem Ansprucn dieser Anmeidung nicht in einer 
i fruheren amenkanischen Patentanmeldung laut dem ersten 
\ Paragraphen des Absatzes 35 der Zivilprozessordnung der 
[ Vereinigten Staaten. Paragraph 112 offenbart 1st erkenne 
[ ich gemass Absatz 37. Bundesgesetzbuch. Paragraph 1.56(a) 
\ meine Pflicht zur Offenbarung von informationen an, die zwi- 
schen dem Anmeidedatum der fruheren Anmeidung und dem 
I nationaien Oder PCT internattonalen Anmeidedatum dieser 
• Anmeidung beKannt geworden sind. 



I hereby claim the benefit under Title 35. United States Code, 
§120 of any United States application(s) listed below and, 
insofar as the subject matter of each of the claims of this 
application is not disclosed in the pncr United States appli- 
cation in the manner provided by the first paragraon of Title 
35. United States Code, §112, I acknowledge the duty to 
disclose material information as defined in Title 37, Code of 
Federal' Regulations, § 1 .56(a) which occurred between the 
filing date of the prior application and the national or PCT 
international filing date of this application: 



(Application Senal No.) 
(Anmeldesenennummer) 



(Ring Oate) 
(Anmeidedatum) 



(Status) 
(patentiert. anhangig. 
aufgegeben) 



(Status) 
(patented, pending, 
abandoned) 



(Appticanon Senal No.) 
(Anmeldeseriennummer) 



(Filing Oate) 
(Anmeldsdatum) 



(Status) 
(patentjert. anhangig. 
aufgegeben) 



(Status) 
(patented, pending, 
abandoned) 



Ich erklare hiermit, dass aile von mir in der voritegenden 
Erklarung gemacnten Angaben nach meinem besten Wissert 
und Gewissen der voilen Wahrheit entsprechen. und dass 
ich diese eidesstatttiche Erklarung in Kenntnis dessen ab- 
gebe, dass wissentlich und vorsatzlich faische Angaben ge- 
mass Paragraph 1001. Absatz 18 der Ziviiprozessordnung 
der Vereinigten Staaten von Amerika mit Geidstrafe beiegt 
und/oder Gefangnis bestraft werden koennen, und dass de- 
rartig wissentlich und vorsatzlich faische Angaben die Gui- 
tigkeit der voritegenden Patentanmeldung oder eines darauf 
erteiiten Patentes gefahrden konnen. 



I hereby declare that all statements made herein of my own 
knowledge are true and that all statements made on infor- 
mation and belief are believed to be true: and further that 
these statements were made with the knowledge that willful 
false statements and the like so made are punishable by fine 
or imprisonment, or both, under Section 1001 of Title 18 of 
the United States Code and that such willful false statements 
may jeopardize the validity of the application or any patent 
issued thereon. 



Form PTO-FB-24Q (H-33) 



Page 2 of 3 

Patent and Trademark Offiee-OS. DEPARTMENT OF COMMEHC 



German Language Declaration 



VERTRETUNGSVOLLMACHT: Als benannter Erfinder 
beauftrage ich hiermit den nachslehend benannten Paten- 
tanwait (oder die nachslehend benannten Patentanwalte) und/ 
Oder Palent-Agenlen mil der Vertolgung der vorliegenden 
Patentanmeldung sowie mi! der Abwicklung alfer damit ver- 
bundenen Geschafte vordem Paten<-und Warenzeichenamt: 
(Name und Regrstrationsnummer anfuhren) 



POWER OF ATTORNEY: As a named inventor. 1 hereby 
appoint the following attomey(s) and/or agent(s) to prosecute 
this application and transact all business in (he Patent and 
Trademark Office connected therewith, (fist name and reg- 
istration number) 

Michael A. GLENN, Reg. No . 3 0,17£ 
Donald M. HENDRICKS, Reg. NQ-_4jQ^a55 
Kirk D. WONG, Reg. No.__JLl t 284 
Earle W. JENNINGS, Reg. Ncw-44-,~a&4 
Christopher PEIL, Reg. N©-^-A5^0£5 



Telefongesprache bitte nchten an: 
(Name und Telefonnummer) 



Oirea Telephone Calls to: (name and telephone number) 




Volter Name des einzigen oder ursprOogtichcn Eriinders: O 


-Fall' name dTsole or first inventor 
Wolfeane MEISTER 


iMersctvift des Blinders Oalum 


Inventor's signature Oate 

X^s^^p^\ 0^0o\K^ June 18,2001 


Wohnsitz 


Residence 

Muenchen\ Germany C^^K 


$taatsangehorigKeii 


German 


Postanschrifl 


Post Office Address 

Gabelsbergerstrasse 59 




D-80333 Muenchen, Germany 


VoOer Name das zweitan Mitorttnders (lads zutrertend) 


Fufl name of second joint inventor, if any 


Unterschrift des eninders Oafum 


Second lnventor's_stanatare Oate 


Wohnsitz 


Residence 


Slaatsangehorigkeit 


Citizenship 


Postanschrift 


Post Office Address 







(Bitte entspcechende Informaticnea und Unterschriften im 
Falle van dritten und wetterea Miteriindem angebenj. 



(Supply simitar information and signature for tfiird and sub- 
sequent joint inventors.) 
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